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ABSTRACT

We consider a model of an integrated voice and data network. This
model, which lends jtself to analytic and algorithmic solution, is formu-
lated as a convex optimization problem. The objective function comprises
two types of functions: the congestion cost functions and the rate limi-
tation functions. The congestion cost functions act to 1imit the average
traffic entering into the network to values that would not cause network
congestion. The rate Timitation functions ensure that all conversations
are fairly treated. The model can be generalized to solve problems of
networks which handle n types of traffic that have different levels of
delay sensitivity, where n > 2,

A joint flow control and routing algorithm is constructed which
uses short term average information on the network utilization to set
the voice packet lengths and data input rates, and to determine the
routes for each conversation. The voice packet lengths and data input
rates are set in such a way as to achieve an optimal tradeoff between
each user's satisfaction and the cost of network congestion. Additional
protocols are specified for dealing with such issues as congestion avoidance
and control, and for implementing flow control on a more dynamic basis
than the gquasi-static joint flow control and routing algorithm can handle.
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CHAPTER I

INTRODUCTION

1.1 Motivation For The Integrated Network

The development of the integrated voice and data network concept

has resulted from a combination of several factors including the following:

(a) the low utilization of network resources when voice, data,
fascimile, etc. are transmitted on separate communications networks in

which traditional switching techniques are used;

(b) the success of such data communications networks as the Telenet
[33], the Tymnet [30], the French Transpac [10], and the Canadian Datapac
(71

(¢) the recent technological advances in speech processing, parti-

cularly speech digitization.

In a telephone conversation a speaker alternates randomly between the
speaking (or talkspurt) mode and the listening (or silence) mode.
Measurement studies have shown that in a typical telephone conversation
a speaker uses the channel only 35-40% of the time duration of the con-
versation [4]. This then means that dedicating a channel to a pair
of speakers throughout the duration of their conversation is a waste of
the network resources.

Many techniques have been proposed to minimize this waste. These
techniques attempt to compress n voice conversations onto m channels,

where n > m. The earliest of these techniques is the Bell System "Time

|
|




Assignment Speech Interpolation" (TASI) in which a channel is allocated
to a subscriber only when the appropriate hardware detects that he is
actively speaking [4]. Once he accesses the channel the speaker uses

it without interruption for the duration of his talkspurt. During
periods of silence he relinquishes the channel, and it becomes available
to other speakers. Any talkspurt that is generated when all channels
are busy is "frozen out" and will have to wait on a first-come first-
served basis for an available channel. This freeze-out results in the
clipping and loss of the initial part of the talkspurt. It is even
possible to lose an entire talkspurt if the waiting time is longer than
the spurt duration [30]. For a satisfactory speech quality the fraction
of the lost speech should be less than 0.5%. The ratio of the number

of subscribers supported by the TASI system to the number of channels
required to maintain an acceptable fraction of lost speech is called

the "TASI Advantage". If p is the fraction of time that a typical
speaker is in talkspurt, the maximum potential TASI advantage is 1/p.
Since p < 0.5, this advantage is greater than 2. However, at least

40 channels and 80 speakers are required to achieve this TASI advantage
{4]. For a smaller number of channels, attempts to achieve a TASI advan-
tage close to 1/p will result in unacceptably high lost fractions [32].
The TASI system described above is oriented toward analog speech trans-
mission. Digital variations of TASI that are transmitted in the PCM
form have also been implemented. These include Digital Speech Inter-
nolation (DSI) [5], and Speech Predictive Encoding (SPEC) [28].

Speech is bursty in nature, and this accounts for the Tow utilization

of the transmission resources in a voice communications network in which
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the traditional frequency diyision multiplex (FDM) or time division
multiplex (TDM) is used. The purpose of the TASI schemes is to achieye
a better utilization of the network resources by smoothing out the

voice flow. Data are also bursty in nature, An effort to smooth out

data flow in a network has led to the concept of statistical multiplexing

[8] or store-and-forward networks [1]. Unlike the TDM system traditionally

used for data transmission, no slots are dedicated to any data source.
Instead messages are merged into a buffer at each network node and the
bits are transmitted at a synchronous rate. The messages work their

way through the network to their destinations,queueing at each node where

they are statistically multiplexed. The messages may remain in complete

form (message switching) or be split into shorter blocks called packets
(packet switching) [1]. Whether statistical multiplexing exists in the
message-switched or packet-switched form, each unit carries a header

which specifies among other things the source and destination addresses

of that unit. There is basically little difference between packet

switching and message switching. We shall use the term packet switching :
hereafter for both techniques.

That speech is bursty in nature makes it a good candidate for
statistical multiplexing. This has been further made possible by the
recent advances in speech processing which have led to the packetization
of speech. This means that packets of speech, which are generated only

when a speaker is in talkspurt, could be stored temporarily at each A

node in wait for free channels. Thus there would be no loss of any part
of the speech as is often the case in the conventional TASI system.

And the fact that speech and data can be packetized raises the possibility




of using the same network to transmit them, One then hopes that such
an integration of speech and data onto the same network would lead to

better utilization of the network resources [17,18].

1.2 Problems With Integration

The integration of voice and data traffics onto one network
generates new communications problems. These problems include the choice
of an appropriate switching technique, and how to control the network
flowin order to meet the different demands made on the network by voice
and data conversations.

Three switching strategies have been proposed for use in the

integrated network [17]. These are:

(a) Circuit Switching
(b) Packet Switching

(c) Hybrid Switching.

In circuit switching, an end-to-end connection is established for a

pair of voice or data users before they commence their conversation.

The channel is dedicated to them throughout the duration of the conversa-
tion. The channel utilization may be improved by using the TASI system.

In packet switching, both voice and data conversations are digitized

and segmented into packets and routed through the network in a store-and-
forward manner [1,21]. That is, each packet travelling from source node
i to destination node j 1is "“stored" in queue at an intermediate

node k while awaiting transmission. It is sent "forward" to a selected
adjacent node & on the route to node j when link (k,2) is free. The

selection of node % is made by some well-defined decision called the

N

Dk,
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routing algorithm. The process of storing and forwarding is repeated
until the packet reaches its destination. Packets of the same con-
versation usually follow the same path. However, they may follow
different paths, possibly arriving at the destination out of order.

In this case they would have to be reassembled in their right order
before being delivered to the ultimate user. Packet switching thus
avoids dedicating the network facilities to users during silent periods
since no packets are generated then. In hybrid switching, both ¢ircuit-
switched and packet-switched traffics exist concurrently on the same
channel. Each channel is partitioned into two subchannels; a circuit-
switched subchannel and a packet-switched subchannel. Voice

traffic uses the circuit-switched subchannel while data traffic uses
the packet-switched subchannel. To increase the channel utilization

a "movable boundary" feature can be incorporated, which permits the
data packets to use any residual circuit-switched capacity that may

be momentarily available due to voice traffic variations [9].

A well-designed communications network ensures that the traffic
it handles does not exceed the capacity of the network devices in order
that congestion may not build up and reduce the throughput of the
network. In the extreme case congestion may lead to a deadlock in
which case communication becomes impossible. The term flow control is
used to describe any mechanism that ensures that the traffic entering
into the network is maintained within limits compatible with the capacity

of the network devices. A flow control protocol should perform the

following functions [16]:

Lamig ol o abalnile. -



(a) It should prevent throughput degradation and loss of efficiency
due to overload.

(b) It should prevent deadlock.

(c}) It should ensure a fair allocation of the network resources
among competing users.

(d) It should ensure that the rate at which the network accepts

data is matched to the rate at which it can transmit them.

Voice and data traffics make different and conflicting demands
on the network: They show different tolerances to delay and errors.
Voice conversations require continuous and almost real-time delivery;
they are very sensitive to delay. Data conversations, on the other
hand, are generally intolerant of errors but less sensitive to delay.
Data conversations need to be very reliably delivered to their ultimate
users. A flow control protocol that is to be applied to an integrated
voice and data network must, therefore, perform two additional
important functions, namely:

(a) It should ensure that a voice conversation is transmitted
with essentially constant delay while trading the speech quality in
response to nework fluctuations.

(b) It should ensure that data conversations are transmitted
with maximum reliability (that is, no errors or lost information) with

communications delay as a secondary considerations.

1.3 Summary of Previous Work

The concept of integrated voice and data communications networks

has generated much interest. It has been motivated by the need to exploit
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recent technological advances to achieve economies of scale: sharing
network resources more efficiently thereby reducing the cost per user.
Unfortunately much of the work done in this area so far exists as mere
heuristics that depend on simulation for evaluation.

Coviello and Vena [9] propose a type of hybrid-switched network
called the slotted envelope network (SENET) which provides some degree
of flexibility for a varying mix of traffic. It is a framed TOM scheme
in which frames are divided into (V+D) slots. V slots are allocated
to voice conversations on a circuit-switched basis, and D slots are
allocated to data conversations on a packet-switched basis. Voice calls
are blocked when all the V slots reserved for voice conversations are
busy. A voice conversation uses its slot throughout the duration of the
conversation. In order to increase the channel utilization, a movable
boundary scheme is used whereby data traffic could use any voice slots
that may be momentarily free due to variations in the number of active
voice conversations. Forgie and Nemeth [11] consider a network concept
called the packetized virtual circuit (PVC) which combines selected
features from the packet and circuit switching technologies. The PVC
technique is more or less a packet switching technique in which messages
are packetized and travel along virtual connections to their destinations.
The authors also suggest some ways to deal with congestion in the net-
work, including discarding some voice packets when queues become excessive.
Bially et al. [3] propose a packet-switched network in which a speech
digitization concept called "embedded coding" enables the network to

respond dynamically to the loading conditions. Here speech is encoded

into different packets of different orders of importance. If all the




packets are delivered to the sink, the result would be a high quality
speech. When the network loading becomes high the less important packets
may be discarded. The delivered packets still produce usable but lower
quality speech. Gitman and Frank [17] present an elaborate economic
analysis of the integrated voice and data networks. They conclude, on
the basis of a number of assumptions, that even when no optimization

is performed in selecting the voice packet length, packet switching is

still superior to all other switching techniques.

1.4 Synopsis of the Thesis

The hybrid-switched network is basically two distinct networks in
one, if the movable boundary feature is not incorporated. Since operational
circuit-switched and packet-switched networks exist, designing a pure
hybrid-switched integrated voice and data network (i.e. one without
movable boundaries) presents no new challenges. When the movable boundary
feature is incorporated, the difference between the hybrid-switched and
the packet-s&itched network becomes a matter of semantics rather than
technology as the operation of the two techniques are almost identical,
but not quite anyway.

We design a packet-switched integrated network that achieves a
better resource allocation than the pure hybrid-switched network. We
chart a new course by formulating the integrated network problem in a
way that lends itself to an analytic and algorithmic solution. Voice
packets have a non-preemptive priority over data packets. The reason

for practising a non-preemptive priority includes the fact that when a

data packet receiving seryice is preempted by an arriving voice packet,

o
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the part of the data packet which had already been transmitted before
preemption might appear as errors in the network. We could avoid this
confusion by practising a non-preemptive priority. Also it does not
make sense to use network resources to transmit data bits that would
later be discarded.

As the title of this thesis suggests, we are primarily interested
in the flow control and routing issues of the integrated network. We
shall, however, discuss some protocols for congestion avoidance and
control, and for admitting new conversations into the network.

The remainder of the thesis is organized as follows. In Chapter II

we present the formulation of the network model and the problem statement.

In Chapter 111 we give a solution to the problem of Chapter II. We also
formulate a joint flow control and routing algorithm. In Chapter IV we
consider protocols for performing miscellaneous functions, including
congestion avoidance and control, and the admission of new conversations
into the network. In chapter V we discuss how the model can be generalized

for a multi-traffic network that carries traffic with different

levels of delay sensitivity. In Appendices A and B we give proofs of

theorems.
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CHAPTER 11

MODEL FORMULATION AND PROBLEM STATEMENT

2.1. Introduction

In [12] Gallager formulates a quasi-static routing strategy for a
data communication network. He considers a network with slowly varying
average input rate for each data conversation, and develops an algorithm
for finding minimal delay routing using distributed computation. Golestaani
[19] extends Gallager's work by considering a network with controllable
input rates. These rates are adjusted periodically on the basis of the
information on the network utilization. Also these rates are controlled
in a manner that ensures that all users are fairly treated. The algorithm
developed in [19] implements this fairness by attempting to establish an
optimal tradeoff between each user's satisfaction and the network loading
;ondition. A user's satisfaction is related to the rate at which he is
permitted to transmit: the closer the permitted rate is to his desired
rate, the more satisfied the user is.

The work done here is a further generalization of the work of
Gallager [12], with applications to the integrated voice and data network.
As in [19] we consider an integrated network with controllable voice
and data input rates. The voice input rate is controlled by adjusting
the voice packet lengths. The length of the voice packets determines the
quality of the voice conversation: the longer the packets, the higher is
the quality of the conversation. The voice packet lengths and the data

input rates are also controlled in a manner that ensures that all users




—

-11-

are fairly treated. We effect this fairness by developing an algorithm
that attempts to establish an optimal tradeoff between the network
conditions and all users' satisfaction. For voice conversations, the
longer the packets (and hence the higher the speech quality) the more
satisfied the user is. And for data conversations, the closer a user's

allowed rate is to his desired rate, the more satisfied he is. We assume

that a voice digitizer that can set the voice packets to any desired lengths

can be found. We do not concern ourselves with what happens to the
speech at the receiver if the voice packet length is continuously varied.
This is an aspect of signal processing and has not yet been resolved;

it is a topic for future research.

The work done here is not the first to consider a scheme where
voice packet lengths are varied in response to network conditions. The
work of Bially et al.[3] is similar to ours. The way flow control is
effected in [3] is equivalent to varying the voice packet length inside
the network, and their scheme is more dynamic than ours. In this thesis
we apply flow control at the input to the network by making changes in
voice packet lengths before sending the packets into the network. This
would then reduce the need to drop any segments of these packets in the
network as is equivalently done in [3]. We shall discuss the similarity

betweeen the two models more in Chapter IV.

2.2 The Model
2.2.1 Definitions

Consider a store-and-forward network with N nodes represented by

i=1,2,...,N. A link that goes from node k to node 2 is represented
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by the symbol (k,2), We assume that link (k,2) is a directed link and

-is thus different from link (2,k). Since most voice and data links in

use are full

also exists.

duplex, we assume that if link (k,%) exists then link (&,k)
Let

f:k(j) the expected voice traffic on link (i,k), in

bits/second, destined for node j

fik(j) = the expected data traffic on link (i,k), in
bits/second, destined for node j

L = the expected length of voice packets, in bits,
belonging to conversations which enter the net-
work at node i and are destined for node j

r,. = the expected data input rate at node i , in
bits/second, of conversations destined for node j

B = the rate at which voice packets are emitted by

the voice digitizer during a talkspurt

N
?.? £ ()

= the aggregate voice traffic, in bits/second, on

link (i,k)

N
d d
Fik = g—; fix (3)

ik

= the aggregate data traffic, in bits/second,

on link (i,k)

v d . . .
ik = Fik +F5 o 18 the total traffic on link (i,k)
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Cik =  the capacity of 1ink (i,k) in bits/second
0(i) = the set of nodes with links going out from node i
I(i) = the set of nodes with links going into node i
mij = the number of data conversations entering the network
at node i and destined for node j
"ij = the number of "off-hook" speakers with voice conversations

entering the network at node i and destined for ncde j

n,. is made up of two parts:

1]
nT. = the number of n.. in talkspurt
ij ij
n3, = the number of n,. in silence.
ij ij

When a speaker is off-hook (i.e. in the conversational mode) he

alternates randomly between the talkspurt and the silence modes. For

a large value of “ij’ the number of speakers in talkspurt can be modelled

by a Poisson arrival process with rate §. For ease of analysis we

T T A

assume that the holding times of talkspurts aré exponentially distributed

1

with mean ¢ . Then the speaker activity for the (i,j) off-hook conver-

sations can be modelled by the Markov chain shown in Fig. 2.1.

n,.o (n..-1)6 (n“-k+1)e (n“-k)e 8

Aahatiai v, o

Figure 2.1 Speaker Activity Model for (i,j) Conversations

i
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Thus the activity of each off-hook speaker can be modelled by the two-

state Markov chain shown in Fig. 2.2.

g

T=Talkspurt State
S =Silence State

¢

Figure 2.2 A Markov Chain Model of A Speaker

The steady-state probability that the speaker is in talkspurt is:

Y * 7+8 (2.1)

Therefore, if there are N4 off-hook speakers, the steady-state

probability that k of them are in talkspurt is:

N..
ij n, .-k
P - ¥ a-ynH (2.2)

One problem in the modelling of a voice network is that for any given
number of off-hook speakers the number of speakers in talkspurt changes
too fast to be tracked by any reasonable algorithm that makes use of
global information. We are then left with the choice of estimating ngj, i

given "ij' In this work we initially estimate "1j by the mean value of k;

that is T

iy = E(k) = Yn

i (2.3)




-15-

2.2.2 Voice Packet Delay Variations

Traditional circuit switching systems exhibit fixed delay to
voice traffic. Packet switching systems, on the other hand, exhihit
variable delay due to the possible queueing of the voice packets at the
different nodes on the route from the source to the destination. It is
assumed that when a speaker is in talkspurt the voice digitizer emits
voice packets at a constant rate of B packets per second [3]. These
packets experience different queueing delays along their route. If each
packet is delivered to the ultimate user (or sink) as soon as it arrives
at the destination node, the received message would contain many uneven
and annoying gaps. Therefore, it is necessary that we install a smoothing
buffer at the destination node, temporarily store the arriving voice
packets, and finally release them to the sink at the same rate, B8
packets/second, at which the voice digitizer sent them into the network.
In Chapter IV we shall consider the case where the rate at which the
packets are released to the sink is different from B. -

A schematic diagram of what happens to the voice packets as they
travel along the route from source node i to destination node j is
shown in Fig. 2.3. Figure 2.4 is a diagram of the possible path delays
of five packets of a conversation. The first packet is transmitted at

th

time zero; the second packet at time 1/8; and in general, the k™ packet

is transmitted at time Eél- k > 1. There are three links on the path.

VR N S VP
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From the diagram we obserye that the first packet suffers a delay do’
since it arrives at time do' This packet is not delivered immediately

to the sink but is held back in the buffer for some time ~_ - do’ and

0
delivered at time Ty The reason for this action will be clear shortly. ii
The second packet arrives at time d]; it is held back in the buffer and f1

released at time Tt 1/8. The third packet arrives at time

e e r— -

haadi

d2 =T, + 2/8, Jjust in time to be deljvered to the sink. The fourth

packet arrives later than it is required to be delivered to the sink
and so is discarded. A protocol could be formulated for generating
fictitious packets which are to be released to the sink when the actual

» (3 3 3 s s » J"
packets arrive late. However, this is a signal processing function which 1

h

we will not be concerned with here. In general, if the kt packet

arrives earlier than <t_+ k-1 » kK> 1, it is stored in the buffer

0 B
and released to the sink at time T, + Eél . If it arrives later than

a2

this time, it is thrown away.

The reason for imparting the extra delay on the first packet is
now obvious: to help reduce the 1ikelihood of discarding other packets
due to their late arrival. Obviously choosing the extra delay T ~ d°
to be very large ensures that, with a probability close to one, all
packets arrive in time to be delivered to the sink. However, this is
not the solution we seek. We have noted that voice conversations require
almost real-time delivery; therefore, the recommended choice of the extra

delay is 1, - d; < 1/8.

One of our objectives in the above scheme would be to reduce the

path delay of each voice packet. This would in turn reduce the likelihood
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of the packet being discarded. Another objective would be to increase
the qualit- +f each voice conversation. A realization of these objectives
resides in making tradeoffs between speech quality and delay. Short
packets would travel faster than long packets for two reasons, First,
there is less transmission delay per packet on each link. Secondly,
short packets generate smaller traffic than long packets, and so there

is reduction in congestion. Thus the use of short packets would solve
the delay problem. However, short packets imply poorer quality speech.
Therefore, we need to use lTong packets in order to generate higher
quality speech; but there is the attendant possibility of incurring
larger packet delay. Any attempt to gain in quality, therefore, results
in poorer delay performance; and any atfempt to improve the delay performance
degrades the quality. We need then to specify what would be the point of
optimal tradeoff between quality and delay such that once we attain it,
we would not be tempted to improve the quality or the delay performance
any further. This suggests that we formulate an optimization problem

the solution of which would generate the optimal packet lengths (and
hence quality) and the optimal delay. Our task then boils down to
choosing the appropriate objective function for the problem. Since we
are dealing with an integrated voice and data network, we must ensure
that the solution to the problem we shall formulate also provides the
optimal data input rates and the optimal data packet delay. In the
subsequent subsections we discuss the different aspects of the problem,
and find appropriate cost functions that wili constitute the objective

function.

Fresy

R PR

;
1
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2.2.3 Cost of Link Congestion

Let dal = the delay experienced by the nth packet of a talkspurt on
link (k,®2) including procesing and queueing delays at node k
R = the route of the voice conversation
Then d" = :E: dEl , 1s the path delay of the nth packet of the
(k,2)eR
talkspurt.

In the discussion above the delay experienced by the first packet
of a talkspurt, dl, is crucial in determining whether or not a subsequent
packet is discarded. If the first packet experiences little delay while
other packets experience larger delays, then many of these packets
would be discarded. On the other hand, if the first packet experiences
a large delay while other packets experience less delay, then not many
of these packets would be discarded. Thus the probability that the nth
packet of a talkspurt would be discarded depends not only on d" but also
on d]. This dependence on d] is not a very desirable feature. In order
to reduce this dependence (it cannot be totally eliminated!), we will
attempt to make all packets of the same talkspurt experience similar
delays on each link on their path. This would then translate to
their experiencing similar path delays, and hence reducing the chances
of their being discarded.

We hope to realize the above objective as follows. We consider a

cost to be associated with the Tink delay of each voice packet. Similarly,

we consider a cost to be associated with the link delay of each data packet.

Since the delay requirements of voice packets are more stringent than
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those of data packets, we grant the voice packets a non-preemptive
priority over the data packets. Packets wait on a first-come first-
served basis within their priorities. We assume that the queue at each

output link can be modelled by an M/G/1 queue with priorities [22].

Consider a tagged packet that arrives at a node for service.

Let

A, = the Poisson rate at which voice packets arrive at the

output queue of the node, in packets/second

xd = the Poisson rate at which data packets arrive at the

queue, in packets/second

n, = the number of voice packets already in queue when the

tagged packet arrived

ng = the number of data packets already in queue when the

tagged packet arrived

the number of voice packets which arrive while the tagged

3
n

packet is in queue.

Note that if the tagged packet is a voice packet these n& packets have

no effect on its waiting time.

Tr = the remaining time to complete the service of the packet
; in service when the tagged packet arrived
; T1 = the time to service all the n, yoice packets
i T; = the time to service all the n; voice packets
1 T2 = the time to service all the nq data packets.
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Then if the tagged packet is a voice packet, its waiting time is:

T, = T T

v 1

Taking expectations we obtain

W= W+ (2.4)

where wi = E(Ti). If the time to seryice one voice packet is Ty then
w1 = E(nv) E(Tv) =E(n)T

By Little's formula [24], E(nv) =3 wv. Therefore, from (2.4)

k=
"

Wo + A, W T,

Oor wr
Wy = 1 - Py (2.5)

4
where oy = Ay Ty is the link voice utilization factor. Similarly, if the

tagged packet is a data packet, its waiting time is
Td =T, + T] + T ¢ T2
Taking expectations we obtain

Wy = W, + w] + w1 + w2 (2.6)

d

If the time to service one data packet is Ty then

E(nd) ?&

Wy
] —_
E("v) T,

Wy

By Little's formula [24], E(nd) = g Nd. We cannot apply Little's formula
¥

directly to E(nv), but we can establish its value by the following argument.

Since we know that a data packet waits for an average time wd and that voice

packets arrive at an average rate Av , Clearly the average number of

]
|
!
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{
voice packets which arrive oyer the time interval wd is E(nv) = Ay Wy

A more rigor: , deriyation of this formula can be found in [22],

Therefore, from (2.6) : !

wd= wr+5\vwvrv+widtv +Adwdrd

or W = #r t oy Wy - .+ oy Wy !
d =Py " P4 1-p
where Py = Ad ¥H ijs the 1ink data utilization factor

A
P = o, tpy < 1, is the link aggregate utilization factor.

Substituting for Nv we obtain

wr
Ny = -p)(T-p, (2.7)

We may rewrite (2.5) and (2.7) as follows:

W.C W..C
r _ r
W TeT T OTF, (2.8)
| WnC2 u,c2 -
W, = = 2.9
d -Py -p C- v C-
where Fv = the link voice traffic,in bits/second,
F = the aggregate link traffic, in bits/second,
C = the link capacity, in bits/second.

For completeness, the expected remaining time to completion of service
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of the packet in service when the tagged packet arrived is given by
[22]:

W = 30y B ¢y £ (2.10)

The delay of a voice packet at a link (2,k) is made up of the
waiting time and the service time (including queueing and processing
delays at node 2). The latter is usually independent of the network
status. Hence at each node we bother only about the waiting time at the

output Tink. From (2.8) we observe that the expected waiting time of

a voice packet is a function of the link voice traffic Fv' This

expected waiting time is also affected by the amount of time the voice
packet has to wait for a data packet already in service when the voice
packet arrived; but this effect is rather small. Because of these

facts we define a cost function Bik(F¥k) as follows: Bik(F¥k) is the
cost of limiting the voice traffic on link (i,k) to F¥k. For mathematical
tractability we assume that Bik(F¥k) is a convex increasing and twice

differentiable function of ng, with a typical plot as shown in Fig.2.5.

A
B

ik

Fig. 2.5 Congestion Cost of "
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The reason for the cutoff at F¥k = ay Cyp is the following.

From (2.8) we obserye that as F, approaches C, the waiting time becomes
large. Since voice packet delay is a critical issue, we limit the voice
traffic on each link to some predetermined fraction, ays of the Tink
capacity. This flow restriction, coupled with the fact that voice
traffic has a non-preemptive priority over data traffic, would enable
the voice packets to experience less delay than would be the case if

the restriction were removed. That is, if we hold the voice traffic
below a Cik’ the Tink delay would be small.

We could define a cost function for the data traffic in a similar
manner. However, we caﬁ exploit some characteristics of voice traffic in
defining the cost function for the data traffic. First, observe from (2.9)
that the expected waiting time of a data packet at the output link is a
function of both Fv and F. One major attraction of the integrated voice
and data network is the anticipated possibility of exploiting the on-off
characteristics of voice traffic to transmit more data when voice traffic
is Tow. A reasonable cost function for data traffic should, therefore,
recognize this fact: when ng = 0 the data packets should be able to
use link (i,k) as if the network were an all-data network. Since data
packet delay requirements are not as stringent as those for voice packets,
we would permit a higher cutoff point for each link flow. A cutoff is
necessary to account for the finite buffer spaces availabTe at the
citput links.

That data packet delay is more tolerable than voice packet delay

means that the marginal cost to a link of a voice packet should be at
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least as great as that of a data packet. That is, the cost of congestion
for an additional yoice packet is greater than that for an additional
data packet. When a given voice packet arrives at a node, it holds up
the service of all data packets in queuec on its arrival. Its delay is
only affected by the voice packets which are in queue on its arrival,
Data packets affect the voice packet's delay through the possibility

that a data packet was receiying service when the voice packet arrived.

As we said earlier, this effect is rather small. When a given data

packet arrives at a node, its delay is affected not only by all the
packets (both voice and data) in queue on its arrival but also by all
voice packets which arrive while it is in queue. We then need a model

that recognizes this difference in the marginal costs for voice and

data conversations. j
Now consider the cost function Gik(Fik)defined as follows: Gik(Fik)1S
the cost of 1imiting the aggregate traffic on link (i,k) to Fik' For

reason of mathematical tractability we assume that Gik(Fik) is a convex |

increasing and twice differentiable function of Fik’ with the typical

plot as shown in Fig. 2.6.
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Let the composite function Dik(Fik’ sz) be defined as follows;

v - v
Di(Fiks Fid = Bi(Fp) + 65 (Fyp) (2.11)

That the composite function Dik captures the essence of our design
objectives for congestion as listed above can be seen from the following
analysis. When F¥k = 0, then from the way we have defined Bik(F¥k) we
have that Bik(o) = 0 and
. . d

Sik(FilFi =0 = Gy (Fyp)

Thus
_ d
Dik(Fik’ 0) = G'ik(F'ik) (2.12)

This is precisely the cost function defined by Golestaani [19] for an

all-data network. Also the derivatives

30,
ik ! v 1
o Bk (Fid + G (Fy)
ik
aoi(. = G' (F )
Fip ik \Tik
[where B;k (ng) = 9Bjy , etc.]
dF!k

are the marginal costs to link (i,k) of voice and data conversations
respectively. As can be seen above, the marginal cost of voice to link
(i,k) is greater than that of data, as we hoped.

In summary then, our argument is that we need two cost functions

that relate to delay (or congestion) in the integrated network, One cost

PR

ke
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function deals with the issue of ensuring that we load the network with
voice traffic to such a level that would not make the voice packet delay
excessive, The other cost function deals with the mix of voice and data
traffics. This latter function allows us to exploit the on-off character-

istics of voice traffic to transmit more data when voice traffic is low.

2.2.4 Voice Quality Limitation Cost

-

Having considered the issue of congestion in the network we now
deal with the issue of fairness to all voice conversations. We wish
to design a network that operates as follows. When a voice conversation
is established the network is bound to accept all packets of that conversa-

tion as long as the speaker is off-hook. However, the quality of that

conversation is not guaranteed to be good at the sink. The quality of
different talkspurts of the same conversations may even be different,
depending on the status of the network when a talkspurt is generated.

As we have mentioned earlier, the quality of any voice conversation is

related to the length of the packets of that conversation: the longer the
packets, the higher the quality of the conversation.
In order to effect fairness to all voice conversations, then, we !
make it increasingly costly to degrade the quality of any conversation
any further through assigning shorter and shorter packets to that
conversation. Let a voice conversation that enters the network at
node 1 and is destined for node j be denoted by voice conversation
(i,j). For each voice conversation (i,j) we define a nominal packet
length aij; that is, the maximum length we can assign to packets of

conversation (i,j) is aij' The reasons for this packet length limitation




3
4
H
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are as follows. First, above a certain packet length there is no
appreciable improyement in the voice quality. Therefore, it would not
make sense to assign lengths that would generate more traffic without
any extra gain in quality. Secondly, the voice digitizer is limited

in the number of bits it can generate over a given time interval. For
each voice conversation (i,j) we define a cost function vij(lij) as
follows: Vij(lij) is the cost of restricting the packet length of voice
conversation (i,j) to’ zij‘ For mathematical tractability we assume

that Vij(zij) is a convex non-increasing and twice differentiable function

of L with the typical plot as shown in Fig. 2.7. For notational

J |
convenience we assume that all voice conversations (i,j) have the same

cost function Vij(nij)'

vij A

a.
]
Figure 2.7 Quality Limitation Cost of A Voice Conversation (i,j)
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2.2.5 Data Rate Limitation Cost

For data conversations we let the allowable input rates depend
on the network loading conditions: when the network is heayily loaded
we make the input rates small, and when the network is 1lightly loaded
we permit higher input rates. We thus assume that the lengths of data
packets are independent of the network control. In order to effect
fairness to all data conversations we make it increasingly costly to
cut back any conversation further through assigning it a smaller and
smaller input rate. In this regard we define a cost function Eij(r")

1

as follows: E (rij) is the cost of restricting the input rate of

ij
data conversation (i,j) to ﬁj' For reason of mathematical tractability

we assume that it is a convex non-increasing and twice differentiable

function of rij » With the typical plot as shown in Fig. 2.8. For

simplicity of notation, we take E..(r..) to be the same for all data §

i3t 1]
conversations (i,j). r?. is some desired rate at which data conversation '

J
(i,J) would be transmitted if we did not exercise any control over it. L

E, 7

I

|

]

|

|

| Fig.2,8 Rate Limitation
| Cost of A Data
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l
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2.3 The Problem Statement

Qur model formulation is now complete. The objectiye function

i of our problem is a sum of four terms:
? N v - y 3
| (1) B(F") = Z B, (Fip) 3
s - }
(1) &(F) PIEINCN »

ij Vijtiy)

(111) VT(R) = R
h (iv) ET(Y‘) = E “‘i,j EL](r'IJ) ?
where Y"ij is, as we stated earlier, our estimate of "¥j’ the number i
of off-hook speakers in talkspurt; and m,. is the number of data f

1]
conversations (i,j). We can then formulate the problem as follows: ?1

Minimize J = BT(FV) + Gr(F) + Vo (2) + Eq(r) (2.13)

subject to :E:. ka(j)

1

s“h

= <
F
-

1]

™
2
3

-

-
=
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Constraints (2.14) and (2.15) are the so-called continuity (or flow
conservation) equations. They state that the total traffic coming into
node 1 and destined for node j is equal to the total traffic going
out of node i and destined for node j. Constraint (2.16) states that
flows are non-negative. In the next chapter we present a solution to
this problem and develop a joint flow control and routing algorithm that
sets the voice packet lengths zij
compatible with the network status, and for routing the voice and data

and data input rates M to values

traffics.
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CHAPTER I1I1

SOLUTION TO THE PROBLEM

3.1 Introduction

In Chapter Il we formulated a model of the integrated voice and
data network as a convex optimization problem. In this chapter we
present a solution to this problem. We construct a joint flow control
and routing algorithm that sets the voice packet Tengths and the data
input rates, and routes the voice and data traffics, in a manner that

attempts to satisfy the optimality conditions we shall derive.

3.2 The solution

Th 3.3 Let u” = (25, re., £9705), f97(5)) be a feasible point
eorem 3. et u = {2;5 Ty 1 (3)s F5 e a feasible poin

of (2.14) through (2.1€). Then u minimizes (2.13) if and only if there

exist two sets of numbers A = {Aij} and u = {“ij} , With xjj = 0 and

M3 = 0, such that the following Kuhn-Tucker conditions are satisfied.

= .. if f¥:(j) >0

1 V* ] *
Bik(Fii) * G (Fypd *+ Ay

%*
> aqy if fi@) =0 (3.1)
L
= iy if fik(J) >0
Bii(Fri) + Mg g+
2wy 1 ) =0 (3.2)
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. *
Ly if 25 =0
S5 Vi (g < iy MFayys (3.3)
lf * -
Z Mg TRy T A
. if O0<r, <rd
“13 1 < riJ < Y‘1J
! * < Mg . *
- Eij(rij) ~ "ij  if iy = 0
> if roo=rd 3.4
 Hg T Ty T ry (3-4)

where §ik(F¥k) denotes the derivative of Bik(F¥k)’ etc. The proof of this

theorem is given in Appendix A.

3.2.1 Definitions. A voice route sz between nodes i and j is a set
of Tinks {(i,k), (k,2),...,(m,j)} which connects nodes i and j and
along which voice traffic flows from node i to node J. We define a
data route jo in a similar manner.

We can interpret the quantity B;k(ng) + G;k(Fik) as the marginal
cost of voice traffic on link (i,k), or the "voice length" of link (i,k).

Similarly, the quantity G%k(Fik) can be interpreted as the marginal cost

of data traffic on 1ink (i,k) or the "data length" of link (i,k). Since

. =0and u.. = 0, we can solve for kij and M recursively to obtain

A 33 J
My 2, {10 + Sy ()} (3.5)
(2.K)eRY;
J
= 26, (F) (3.6)
Hij3 (z.k)eR?j 2k ek

——yry

Al e el i faant i _dar, teol
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Then we can interpret Aij as the marginal voice cost of congestion on

a path R¥j of opfima] flow, or the voice length of path R¥j when flow is
optimal. Similarly, we can interpret Hij as the marginal data cost of
congestion on a path R?j of optimal flow, or the data length of path

R?j when flow is optimal. Equations (3.1) and (3.2) then state that all

traffic flows along paths of minimum marginal cost, i.e. "shortest" paths.

In (3.5) and (3.6) xij and Hij are defined as properties of the optimal
flow and are difficult to find without solving the optimization problem.

We shall need a form of lij and Hij in our joint flow control and routing
algorithm. Therefore, we shall redefine kij and Kij in terms of

measurable quantities, as functions of an arbitrary flow as follows:

- Mi ' v '
Ayg " Min 2 L B (0 + 6y (F )] (3.7)
Ri;  (“ikeRyy
"ij = M:jn Zd le(ng) (3.8)

When flow is optimal, the lij obtained from (3.5) is equal to that

.'s obtained from (3.6) and (3.8) are equal.

obtained from (3.7); and the uiJ

3.2.2 The Priority Functions [19]

We define the voice priority function, pij(zij)’ for voice

conversation (i,j) as follows:

pij(‘?"ij) = - ;—Vij (.2'”) (3.9)

Similarly, we define the data priority function, qij(rij)’ for data
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conversation (i,j) as

Then we can restate the optimality conditions (3.3) and (3.4) as follows:

*

= Aij if 0< zij < aij
* <A if 2:.=0 (3.11)
Pu (2”) - i ij
*
Z.Aij if zij = aiJ
) * d
= pij if 0< iy < rij
* < pe. if re.=0 (3.12)
qij(rij) - i ij
*
> uij if rij = rij

Recall that in section 2.2.2 we stated that the solution to the integrated
network problem resides in finding an optimum compromise between speech
quality and voice delay, and between data input rate and network congestion.
The priority functions have an interesting interpretation in this regard.
First, the priority functions pij(zij) are the marginal gain in voice
quality for an additional voice packet length allocation. What (3.11)

states is that optimality occurs when the marginal gain in voice quality

is as close as possible to the marginal voice cost of congestion Aij’
subject to 0O < z:j < aij' The equilibrium point (or point of optimal
tradeoff). for any voice conversation is attained when its marginal gain

in quality equals its marginal cost of congestion. At any other point

the marginal cost of congestion of that conversation will be either greater

P Vi O ¥ AT
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than or less than its marginal gain in quality. This means that any

improvement in quality at the non-optimal point would be obtained at ]
the expense of voice packet delay, and vice versa. The same explanation fi

holds for data conversations. A desirable flow control algorithm would ;i

then be one that attempts to equalize these two sets of marginal values

for each conversation, In section 3.2.3 we shall exploit the above

fact in setting the voice packet lengths and the data input rates. In

section 3.4 we shall consider a class of priority functions.

3.2.3 A Joint Flow Control and Routing Algorithm

The joint flow contfo] and routing algorithm we propose performs
four different network functions: it effects voice flow control by
setting the voice packet lengths to values appropriate for the network
conditions; it effects data flow control by setting data input rates to
appropriate values; and it routes voice and data traffics along the shortest

paths. There are two approaches to defining the algorithm. We call these

e e AR L,

approaches the "all-at-once protocol" and the "cyclic coordinate protocol”.
In the all-at-once protocol, the algorithm performs all the four

network functions simultaneously during each iteration. In the cyclic

coordinate protocol, the algorithm performs the four network functions in

a step-by-step manner, changing one parameter (or coordinate) at a time.

it

Specifically, after an update of the network condition is made, voice
flow control is effected; another update is made after a steady state has

been reached, and voice routing changes are made, Then after another

steady state is reached, another update is made and data flow control

is effected. Then again another update is made after another steady state
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is reached, and data routing changes are made. The process is repeated
starting with another update followed by voice flow control. Thus there
are four updates to complete one iteration of the algorithm. The
convergence of the cyclic coordinate algorithm appears to be slower than
that of the all-at-once algorithm. We shall consider only the all-at-
once algorithm here.

Our joint flow control and routing algorithm belongs to the class
of algorithms proposed by Bertsekas [2]. This class of algorithms
operates in the space of path flows rather than link flows in which our
problem is defined. However, the correspondence between a problem defined

in the space of link flows and one defined in the space of path flows

can be easily established [2]. .
An iteration of the algorithm starts with each node i computing
the shortest voice and data distances from itself to every node j for

which node i's conversations are destined. We shall explain how distance s

v-ag

computation is carried out later. The metric for distance computation
js the marginal cost of congestion on each link summed over all links

on the path from node i to node j. Generally there may be two or more
paths that qualify for the shortest path for each (i,j) pair. Voice
packet lengths and data input rates are increased or decreased according
to whether the priority functions are greater than or less than the

shortest distances. Routing changes are made as follows. The traffic

on each non-shortest path is decreased by an amount proportional to the
difference between the length of that path and the length of the shortest
path. The traffic on the shortest path is then the total traffic generated

by the (i,j) conversations less the traffic routed along the other paths.




If two or more paths qualify for the shortest path, we arbitrarily choose
one of them to perform the function descfibed above.

Let the state of node i at iteration n be denoted by
T P PR HHIE) R SHE)Y (3.13)
Since there may be more than one shortest path for voice and/or data
conversations (i,j), we define the joint flow control and routing
algorithm H as follows. Let
U = the set of feasible points of (2.14) through (2.16).

Then the algorithm H is a point-to-set mapping: it maps a point ueU

into a set of pointscontained in U. Thus for u" eU, the algorithm yields

n+l

H(u™ S U from which an arbitrary element u is selected. Thus given an

initial point u®, the algorithm generates sequences through the iteration
[25]:
LT (3.14)

vn
Let sij By n,

5 %
= the total expected rate of all the voice conversation
entering the network at node i and destined for node j
at iteration n,
n ooy el
s the total expected rate of all data conversations
entering the network at node i and destined for

node j at iceration n

A, = L35>0, f.i=1,..,m

(LAIsT] > 0, 1,3= 1,00

3
Qa
"
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For each a = (i,]) sAv, denote s¥" by svn(a); and

1j

for each a = (i,J) eAd, denote s?g by sd"(a)

Pa = the set of directed paths, with no repeated nodes, originating

at node i and terminating at node j

S;" = the total voice ffow for a € AV along path peP; at iteration n

Sgn = the total data flow for a eAy along path peP_ at jteration n
Then the relationship between the 1link flows F?E and F?E and the path

flows is given by

vn _ . vn
Fig 2 Z 8,(1,k) S5 (3.15)
aeAv pePa
FHETEED DD DI N CNS K (3.16)
ik pr’ p ’
aeAd pePa

where the incidence term Gp(i,k) is defined as follows:

] if Yink (i,k)ep
Gp(i,k) =
0 otherwise
vn _ o' vn ' n

Let dyy = By (Fyp) + Gy (Fyy)

the voice length of link (i,k) at iteration n

dn _ .' n

dix = Gy (Fyy)

the data length of link (i,k) at iteration n.

Then for each as:Av and pe Pa we define the voice length of path p at

A pa T L g o B o R s Y B ey e e S e SR T

« . ~a

= era. i A .~ PR
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iteration n as

LD DA

3.17
P (2,k)ep 2k (’ )

Similarly, for each a eAd and p ePa we define the data length of path p

at iteration n as

dg" - 2. dg: (3.18)
(2,k)ep

Finally, we define the shortest voice and data distances from node i to

node j at iteration n as

d'Ma) = Min d;" (3.19)
PSPa
d9(a) = Min dg" (3.20)

respectively. Many efficient methods exist for finding shortest paths in

a network; some of these methods are given in [23]. Then the joint flow
control and routing algorithm can be formally given as follows:

A Updating At Iteration n

] ]
1. Each node i broadcasts Bik (ng) and Gik (F?k) for each
ke0 (1)

2. After receiving the above information from all nodes, each node i

computes the path lengths d;" and d:" for each p eP, such that
dn
s¥" 50 and 59" > 0:
P P
AL ! vn ' n
b * (z‘k)eg"%o (Bay (i) * Gyye (Fyy)

P

e MR8 AR | A




-41-

(O

" d I

a2 G, (F

n
)
P (Z.k)epzsgn>0 kT Rk

3. The minimum voice and data distances between nodes i and j are

then computed as follows:

e e ia e s .

d"M@a) = Min d;" : §
peP, *
d9a) = Min %"
pePa P

ysually there are many paths from node i to node j , and it is not
computationally feasible to find the length of every path. This is why 3
in step 2 we require that only the lengths of those paths with S;" >0
dn 1

and sp > 0 be computed for voice and data conversations, respectively.

4. For each a = (i,j) node i computes the voice priority function !

Pa(lg) if sY™a) > 0, and the data priority function qa(r:) if Sdn(a) > 0.

B. Voice Flow Control

5. Let z: = d"™a) - pa(zg) (3.21)

n n n
(1: - Za if 0 < la - nzZa < aij

n+1 . n n ;

6. za aij if 1a -n, Za z_aij _
0 if e -n, 2" <0 (3.22)

a 2 “a = ' @

where g is some positive scale factor, and aij is the nominal voice

packet length defined earlier. What this algorithm does is the following:
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, . n vn . n n

(i) if pa(za) > d (a), increase 2, » Lq < aij
o . n vn n n
(ii) if pa(za) <d (a), decrease Lq 1 Ly > 0
(iv) if pa(zg) = dv“(a), leave 12 as it is.

That is, the algorithm attempts to equalize the two marginal values:

pa(zg) and d"™(a).

€. Data Flow Control

7. Let x) = d®M(a) - qp(rD) (3.23)
r:-nrxg if 0<r2-nrx2<r:
3 rr;ﬂ r: if rg Y xg 3_rg
‘ 0 if rl - x) <0 (3.24)
d

where N, is some positive scale factor, and r. s the desired input

a
rate defined earlier. The operation of this algorithm is similar to

that of B.

D. Voice Traffic Routing

9. Let e;" - d;" - d'"(a) (3.25)
vn _ . vn vn
Ap = min [Sp >Ny € ] (3.26)
where ny is some positive scale factor, and S;" >0.
vn vn *
- A .
Sp P pEop,

10. sv(ntl)

P V(M) - 2 sviml), g (3.27)
PfP,

P

s
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A .
]

where p: is a voice shortest path. What this algorithm does is the
following. It measures the deviation e;" of the length of each path
pePa from the shortest distangé. Then it decreases the flow on path p
by an amount proportional to this deviation, and routes the remaining
voice traffic from voice conversation acA, along a shortest path.Note
that Sv("+])(a), the total voice traffic entering the network at node i
and destined for node j at iteration (n+l1), is determined by the voice

flow control algorithm.

E. Data Traffic Routing

M. Let eg" = dg" - 49n(a) (3.28)
Adn - : dn dn
Ap min [Sp » Ng € (3.29)
+dn dn *
12 sg(““”
*
Sd(n+]) (a) - Z* Sd(n+])s P = Py (3.30)
p
p#pd
%*
where Ny is some positive scale factor, sg">»0, and Pq is a data

shortest path. The operation of this algorithm is similar to that of D.

Note that we assume that at each node, voice packets would be transmitted

before the data packets, in the spirit of the non-preemptive priority voice

packets have over data packets. The convergence properties of the joint

flow control and routing algorithm are described by the following

Theorem 3.2 Let u° be any feasible point of (2.14) through (2.16), and

let J(u°) 5-Jo' Then for every positive number Jo, there exist scale

oy O Y
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factors Mos Ny M, and N4 such that

Lim J(un) = Min J(u),
0 . u

where
W e H(un']) , foralln>1 |

This theorem states that there exist Ng» Nps Ny and N4 such that

if we start at any feasible point u® and apply the point-to-set mapping H

repeatedly, the set of points {u"} we obtain converges to a point which

minimizes J. The proof of this theorem is given in Appendix B.

3.3 Discussion ?
|
Qur routing algorithm is similar to the new ARPANET routing i
algorithm [26]: bofh are shortest path routing algorithms. However, |
each uses a different metric for distance computation. In [26] the
distances are absoTﬁtg delays averaged over 10 seconds, but in cur work
the distances are the marginal delays on the paths. Also in our work

we gradually decrease the traffic on the paths that are no longer the

shortest paths at each iteration, thereby ensuring that the algorithm

converges. But in [26], at each iteration an old path that is no longer

the shortest path is entirely cancelled and all traffic is shifted to

the new shortest path. This type of algorithm is not likely to converge [2].
Our routing algorithm is also similar to the algorithm proposed by

Segall [29]. Both are shortest path algorithms and use the marginal

delay for distance computation. Also in both algofithms the computation

is distributed. However, the two algorithms differ in a number of ways.
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First, in [29] the algorithm is defined in the space of link flows.
Secondly, the update information in [29] is propagated upstream, starting
from the destination node as follows: Each node, upon receiving the

update information from its downstream neighbor, performs the necessary
computation and forwards the result to its upstream neighbors who in turn
perform similar operations and pass the information further upstream,

until the source node is reached. This mode of update information
transmission has the potential for generating loops that could prevent

the upstream nodes from ever receiving the update information. Specifically,
if there is a link (k,&) such that fis (j) > 0 and fﬁk(j) > 0, then during

an update node k needs the value of the distance A, . to compute Xk'

23 J
and node % needs the value of Akj to compute AZJ' Then a deadlock ensues
and no further upstream forwarding of the update information can take
place. This necessitates the introduction, as was done in [29], of the
concept of blocking which ensures that loop-freedom is maintained. In
cur algorithm the update information is broadcast and so we do not worry
about loop-freedom.

Our routing algorithm is also similar to the algorithm proposed by
Gallager [12]. However, that algorithm is defined in the space of
fractions of link flows rather than path flows in which our algorithm
js defined. Also, because of the way the update information is trans-
mitted (same as for [29]),the issue of blocking is introduced to maintain
loop-freedom. The original idea of blocking as a means of maintaining
loop~freedom was formulated in [12].

Finally, our flow control algorithm is similar to that of

Golestaani [19]. This is because the two models are similar, differing

. - ——r—— _
P NN USRI W SUNPIIG~ UL SOt SO U
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only in the fact that we have two additional cost functions for voice

o

traffic.

3.4 A Class of Priority Functions

We have defined the voice and data priority functions as

P {%p) - ;—Vm (2) meh,

- Em(rm) . me Ad

: 9 (ry)
respectively. Golestaani [19] introduced the concept of priority

functions in data networks. He also considered a class of priority

functions which enables us to prioritize the different conversations

according to how severely they are to be cut back when the network
loading becomes high. We shall consider this class of priority functions
in this section together with a modified form of this class of priority

functions for data conversations. Consider priority functions of the form:

am \)m .

Pnlt) = \ 1o vy > 0 (3.31)
m

ap(r) = (2m)°m 5. >0 (3.32
r.l'“

We define Vi and Gm as the voice priority index for voice conversation m,

and the data priority index for data conversation M, respectively. The

quantity an is the nominal voice packet length defined earlier. The

quantity bm is the nominal input rate for data conversation m. Note that
d —— . . .
we do not know rm apriori, but we still assign the nominal rate bm to j

conversation m. Figure 3.1 is a plot of pm(zm).

v
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Figure 3.1 Voice Priority Function

The priority indices relate to the extent to which conversations
get cut back when the network loading becomes high. Conversations with
small priority indices are cut back more severely than those with higher
priority indices. As can be seen in Fig. 3.1, packet lengths of voice
conversations with high Vo remain fairly constant over a wide range of
values of pm(zm). But packet lengths of voice conversations with lower
values of Vg vary wildly as pm(lm) changes. When all conversations
have high priority indices it is no longer true that packet lengths remain

fairly constant. This is because when congestion sets in all packets

would have to be shortened to reduce network traffic. And since all the



-48-

conversations have the same order of importance, they would all then
experience severe cutback in packet length.

As we noted in chapter II, the nominal voice packet Tength a
relates to the length of packets required to produce good quality speech.
However, for fixed values of pm(lm) and Vm? the higher the value of ay
the higher is the value of 2m' Since the amount of traffic generated by
a voice packet is directly proportional to its length, care must be taken
not to choose such values of a that could indirectly induce congestion.
SimiTar arguments hold for the choice of bm'

We mentioned earlier that we do not know r: a priori but still

assign a nominal rate bm. It may turn out that rd

5 .
n bm and an assigned

rate r_ > bm. Observe, however, that when r_> bm some inversion takes
place: For any given value of qm(rm) < 1, the data conversations with
Tower priority indices get higher rates than those with higher priority
indices. If this is the desired objective of the network designer, then
the definition of qm(rm) given in (3.32) is enough.  However, it may be
desirable to allow the higher priority conversations (i.e. those with
high priority indices) to have higher input rates at all times. For
this purpose the definition of qm(rm) could be modified as follows:
by \ Om
(}Tn-/ 0<rmibm

A (ry) =

b
_my/s
<"m) /8y rn2 b (3.33)
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The modified priority function is sketched in Fig. 3.2.
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Figure 3.2 Modified Data Priority Functign

For the class of priority functions defined by (3.31) and (3.32)
we have that for vcice conversations meAV , when 2 = > pm(zm) =1,
When this happens we would not like the network to be congested, and
we would not like to unnecessarily restrict the flows to some arbitrarily
small values since this is one way of avoiding congestion. Recall that
the voice flow control algorithm operates as follows:

. n vn - n...n .
(i) if P (1m) >d(m) , it increases g if i < s

. . n vn . nic.N .
(ii) if pm(zm) < d (m), it decreases % if L > 0
and (i14) if pm(ls) = ¢""(m), it leaves z; unchanged.

!
§
!
]
1
{
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If our network is properly designed (and we have no reason to believe it
is not!) , it will operate at the equilibrium point most of the time.

That is, pm(z;) = dvn(m) most of the time. We would like to know what
happens when pm(lg) = 1 and the network operates at the equilibrium point.

Recall that

vn o _ ! vn ! n

dig = By (Fy) + Gy (Fyp) s and
VN, o\ _ . vn

d (m)= Min Z dik

PePy (i,k)ep
Assume that all links (i,k) ep have the same flow, and hence the same
value of dv?k ; and 1et- % be the number of links on the path pst.
Then we require that at the equilibrium point when pm(lg) =1,
I d¥£ = 1. That is, d¥ﬂ = 1A3m. Thus when the network operates at
the equilibrium point with l; =a., the voice length of each link
(i,k) ep 1is determined by the number of links on the path p. Furthermore,
as the number of links S jincreases, the voice length d¥£ decreases.

For example, wheno = 2, d¥2 = (0.5; and whenc:m =5, d¥2 = 0.2. This

m
means that for a multi-hop conversation m, the condition that pm(zm) = ]
at the equilibrium point implies that the traffic on its path be very
light. The above argument for voice conversations hold for data
conversations. In sum then, when we choose a class of priority functions
pm(zm), we indirectly define the nature of the class of congestion cost

functions that are compatible with it. This is so because the optimality

conditions demand that there be a proper scaling between the congestion

cost functions and the priority functions.
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CHAPTER IV

EXTENSICNS TO THE BASIC ALGORITHM

4.1 Introduction

The functions of the basic algorithm, the joint flow control and
routing algorithm, are the setting of the voice packet lengths and data
input rates to values compatible with the network utilization, and the
routing of the voice and data traffics. In this chapter we consider a
group of protocols for extending the functions of the algorithm. In
particular, we consider a quasi-static protocol that is used to reduce
the 1ikelihood of discarding many voice packets which may arrive late
at the smoothing buffers‘due to high network loading. We also consider
protocols for dealing with congestion on a more dynamic basis than the
joint flow control and routing algorithm can deal with. Finally, we
consider the place of the cut-through routing protocol, proposed by
Kermani and Kieinrock [20], in the integrated network.

Despite the flow control we practice, the network can still get
congested. This can be caused by several factors including the following.
The joint flow control and routing algorithm is intended for quasi-static
applications where the network input statistics change very slowly.
However, in practice the network has varying input statistics. Between
updates, because of the inherent burstiness of data conversations, some
data conversations may decrease their desired rates to values less than
the assigned rates, while others may terminate their conversations entire-
ly. Some inactive data conversations, and voice conversations in silence
may become active. If voice packet lengths and data input rates are as-

signed on the basis of low network utilization, then the new active sources

may generate such additional traffic that could drive the network into con-

ko,
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gestion. Therefore, the joint flow control and routing algorithm, while
reducing the 1ikelihood of network congestion, is not a perfect safe-
guard against congestion because it will not be able to track the chang-
ing input statistics. To do this, the algorithm would have to be up-
dated more frequently, which requires more updating protocols and hence
a reduction in the effective link capacities available for the voice and
data traffics.

4.2 A Direct Method of Congestion Control

There are differing views on what to do when the network gets con-
gested. Some researchers propose that voice packets be dropped when net-
work congestion occurs; and if congestion persists, then some data packets
be dropped next [11]. The reason for this is that it is easier to drop
voice packets because the speaker can easily repeat the message if he
does not get a response in time. Moreover, since the voice packets are
likely to arrive late at their destinations and hence be discarded, it
is better to get rid of them earlier rather than waste the network resources
in transmitting them. The problem with dropping voice packets as a means
of fighting congestion is that if the algorithm that determines when voice
packets are to be dropped is not dynamic enough, it would not stop drop-
ping packets after relieving congestion.

The embedded coding scheme of Bially et al. [3] controls congestion
in a dynamic manner, and is adaptable to our model. Recall that in that
scheme voice is encoded into the mare important packets and the less
important packets. The less important packets may be dropped anywhere in

the network on a dynamic basis, according to the network loading conditions.

The source node would have to be informed of any packets that have been
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dropped so that 1t would generate only the more important packets. We ]
emphasize at this point that this scheme is equivalent to using one packet |
that has different segments of different orders of importance. When the '%

network loading becomes high, the less important segments of the packet

could be discarded anywhere in the network. Flow control is practised
by setting the voice packet length to a value compatible with the network
conditions before sending it into the network. This corresponds to drop-
ping the less important segments of the packet at the source.

We would like to make a distinction between flow control and con-
gestion control, even though the two terms are often used interchangeably
in the literature. For our purpose we define flow control as any mechanism

that regulates the entry of traffic into the network in order to avoid

network overload. In other words, flow control is applied at the entry
points of the traffic. Thus, voice packet length setting and data input i

rate setting are examples of flow control. By congestion control we mean

any mechanism that alleviates high network loading by acting on the traf-

fic already inside the network. Thus by this definition, the embedded cod-

ing scheme of Bially et al. [3] is a congestion control scheme and not a
flow control scheme.

In addition to effecting flow control we propose to practise congestion
control in the integrated network. Our approach is similar to the embedded
coding scheme [3]. After setting the voice packet lengths, each voice

packet would be encoded into different segments of different orders of

importance. As in [3], when the network loading becomes high, the less
important segments of the packet could be discarded anywhere in the net-

work. The more important segments reaching the destination are considered
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capable of producing an acceptable speech quality, but the quality is
lower than would be the case if the packet was received with all segments
in place. |
The difference between our proposed scheme and that in [3] is that
we first practise flow control before practising congestion control. In
[3] no flow control is practised. Also we have no need for a mechamism
for informing the source node of the dropped segment because the flow con-

trol algorithm will take care of that by setting the voice packet lengths

to compatible values at the next iteration.

LY P

4.3 The Variable Voice Packet Delivery Rate Strategy

We require that voice packets be delivered to the sink from the smooth-
ing buffers at the same rate B at which the voice digitizer emits them in-
to the network. However, when the network gets congested, voice packets
arrive very late and so the smoothing buffers would be delivering packets

to the sink faster than new packets arrive at the buffers. In this case

many of these packets would be discarded because of late arrival.
In order to reduce the number of voice packets that are discarded, ?
we would have to vary the rate at which the smoothing buffers deliver
these packets to the sink in response to the network conditions. Specifical-
1y, when the network loading becomes high and packets arrive later than be-
fore, we decrease the packet delivery to a value B'. When the network
loading becomes 1ight again, we increase 8' back to 8. In order to fully
understand the effect of changing the packet delivery rate to g8', con-

sider the delay of a packet that enters the network at time t and leaves

the network (i.e. is delivered to the sink) at time d; see Figure 4.1.
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Figure 4.1 Additional Delay Caused By Change In B

As can be seen from the figure, a packet that enters the network at time
T + n/B is expected to be at the smoothing buffers no later than d + n/g',

sustaining a maximum delay of

[}

(d-1) + n{g-g')

(d+gh - (x+n/8) e

without being thrown away. If 8 = B8', then this packet would be expected
to suffer a maximum delay of (d-t). But with 8 # 8', we permit the packet

! to suffer an additional delay of Eigééll without being thrown away when
it arrives. Note that this additional delay increases with time. Thus
the packets that enter the network long after we have switched the deliv-
ery rate from 8 to B' have less chances of late arrival than those that
enter immediately after the switch. Since the variation of voice deliv-

ery rate affects the voice quality, the value of n(g-8')/88"' should be

such that is a compromise between the probability of discarding fewer

packets and the amount of quality degradation the sink can tolerate. We

can define a priori how large we would make the additional delay
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n{B-8')/88'. When this predetermined value is reached, we revert to 8
whether congestion still persists or not.

4.4 A Congestion Avoijdance Protocol

The joint flow control and routing algorithm uses Yy as its esti-
mate of ngj in setting the voice packet lengths. This, as we have noted, “
is due to the fact that it is difficult to use the instantaneous values !

on a global basis. This difficulty results in occasional inci-

T
of nij
dence of heavy network loading, which in turn necessitates such actions

as the shortening of voice packets and the varying of the voice packet

delivery rate, as we recommended.
T

ij

manner that would enable each source node i, which sends traffic to

It is possible to use the Nn.. on a local basis, especially in a
destination node j, to permit some maximum variation of the (i,j) voice
traffic from the expected rate. The total expected rate of all voice
(i,j) conversations is 8yn..2%., where zq- is the value of the voice

1373 j
packet length determined by the algorithm. If at any time '{j greatly

exceeds Ynij,then the network may be tending to congestion because of i

the increased rate over and above the expected rate. We propose that
the total instantaneous voice rate for the (i,j) conversations be 1imited

to a value no greater than B[Y”ij + s(nij)]2$j’ for some choice of e("ij)

to be explained later. Specifically, let zij(t) be the instantaneous
value of lij' At each instant that voice packets are to be constructed,

note i makes the following decision:

T

2;4(t) =
[y, + e(nij)ll*

1 T 1] , otherwise (4.1)
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This strategy can be explained as follows, That we are dealing with
average rates means that we recognize that fluctuations about the mean
value exist. But since voice traffic is delay-sensitive, we cannot
tolerate large upswings in voice traffic. Therefore, we 1imit the maxi-

mum upswing to B[yn.. + aG\ij)]zgj. When traffic exceeds this value, we

ij
degrade the voice quality of all the (i,j) voice conservations through
assigning shorter packets that would force the traffic down to where we
T

iJ
exceeds M5 before action is taken, depends on the value of nyj-Specifi-

can tolerate. The choice of E("ij)’ the maximum amount by which n

cally, since the standard deviation of ngj is proportional ©o “"ij’ we
permit the instantaneous values of an to exceed some standard deviations
(or fraction of a standard deviation) before we take any action on the

traffic. Thus functions of the form
e (nj3) = k/ng;

where k > 0 is a constant, are appropriate for this purpose.

4.5 A Strategy For Admitting New Conversations

As the joint flow control and routing algorithm shows, we make small
routing changes at each iteration in order to ensure that the algorithm
converges. Therefore, anv decision to admit new conversations into the
network should be made in such a way that large changes are not made in

the flow pattern. For all conversations in the network let

zo = the minimum acceptable voice packet length

ro = the minimum acceptable data input rate
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That is, if a voice conversation is assigned a packet length less than
Eb’ it opts out of the network rather than transmit at the assigned rate.

A similar situation holds for r.. For each voice conversation a, let

o
?é = some threshold packet length (whose meaning we shall explain
! shortly)
d;(a) = some threshold voice path length
d;:(a) = the path Tength of the longest path that voice conversations

a are using at iteration n.

Similarly, for each data conversation a, let

ra = some threshold input rate

dd(a) = some threshold data path Tength

dgn(a) = the path length of the longest path that data conversations
*

a are using at iteration n.

Then the admission policy we propose is the following:

1. If d;:(a).i d;(a) and 12 > %, at iteration n, then and only then
will node i admit one new voice (i,j) conversation, where a = (i,j),
during period n.

2. If dg:(a).g dg(a) and r: Z.F; at iteration n, then and only then will
node i admit one new data a conversation during period n.
This admission policy can be explained as follows. We would not

admit any new voice (i,j) conversation when the old (i,j) conversations (i.e.

those already in the network) have a delay greater than some threshold

d:(a). Also we would not admit any new voice (i,j) conversations when the

S e e~ o e
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old conversations have packet lengths that are very close to the minimum
acceptable value 20. Therefore, we must ensure that both the delay per-
formance and quality of all old a conversations are of accepable standards '

(which can be set a priori) before we admit any new a conversation. And

the reason for restricting the admission to at most one voice conversation

per source-destination pair per period is to make small changes to voice

traffic at a time as much as possible. The same arguments hold for the

data conversations.

An indication of how to choose Eé can be seen from Figure 4.2. As :

the figure shows, E% is close to the nominal packet length aij’

4

=l 4

SLO 1/2(aii + L)
Figure 4.2 Choice of Threshold Packet Length Z, ]

Not~ that the newly admitted voice conversation would be assigned the
current value of packet length and routed along the shortest path. Similarly,
for data conversations, the new a conversation would be assigned the cur-
rent input rate of the a conversations. If the rates are translated in-

to window sizes (see section 4.7), then the new data conversation would

be assigned the current window size, and routed along the shorest path.

4.6 Constrained Voice Packet Lengths

As mentioned in the previous section, assume we have a minimum

acceptable voice packet length % Furthermore, let %o belong to a set

L of admissible voice packet lengths:
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L = {0, lo, 2],...., aij} (4.2)
where 0 < 20 < 21 < ... < aij' Let the "raw packet length" obtained from

the flow qgntrol algorithm be 23; and let za satisfy the condition

2k-1 < 2a < 1k’ where lk-l’ zk e L. Then we are required to set la to

some value la e L.

The problem with this type of extra constraint is that it could up-

set the convergence of our algorithm. One way to get around this problem
is to divide the voice (i,j) conversations arbitrarily into two groups, A and

B. Then we use the following assignment rule:
lk for group A

Zk-l for group B (4.3)

where the dividing 1ine for group membership should be drawn in such a

way as to make the net traffic remain close to the level given by the

flow control algorithm. That is,

2, = |AI2’k + |B|2-k_'| (4.4)

where |X| is the cardinality of set X. In this way we aveid the over-
load caused by letting all conversations be assigned za = zk’ and the

under-utilization caused by assigning za = lk-l to all conversations.
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4.7 Implementation of Data Flow Control

We have discussed how flow control can be effected in the integrated
voice and data network: Voice packet lengths and data input rates are set
in response to the network conditions. For voice conversations we assume
that we can find a voice digitizer which generates packets of appropriate
lengths at a constant rate of B per second whenever a speaker is in talk-
spurt [3]. Thus if such a hardware is found, voice flow control can be
easily implemented. For data conversations the input rates are controlled
and the packet lengths are assumed to be independent of network control.
Assume the expected data packet length is I bits and the optimal input rate
of data conversation m is r;. Then in order to implement this rate of r;
bits/sec., the packets of this conversation would be sent into the network
at an average rate of r;/r per second. As we mentioned earlier, that we
have effected flow control does not guarantee a congestion-free operation.
Often statistical fluctuations arise that cause the flow-controlled netwdrk
to be congested. Thus a strict adherence to sending packets into the network
at an average rate of r; /T may not be a good strategy, especially when
congestion sets in. What is required then is a scheme that will not only
restrict the input rates to the optimal values r; but also respond dynami-
cally to the network conditions between updates.

A common approach to effecting flow control in a data network is
the so-called window strategy [6,15]. In this strategy each source node
i keeps the number of unacknowledged (or outstanding) packets in the
network, of each conversation destined for node j, below a given

number Wi called the window size (or window width). Thus a new packet

cannot be sent into the network if the number of outstanding packets of

s s

- tare
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conversation (i,j) at that time is equal to wij' This is a dynamic scheme
because when the network is heavily loaded, packet acknowledgements (ACKs)
arrive late and hence the frequency of packet entry into the network
decreases. On the other hand, when the network loading is light, ACKs
arrive faster and the frequency of packet entry into the network increases.
One question we may ask at this point is: Given an optimal input

*
rate rpe can we set a window size w_ such that, by ensuring that the

m
number of outstanding data packets in the network is no greater than Wi
we force the data conversation m to transmit at rate r;? It turns out
that under certain conditions, which we shall give shortly, the answer

to this question is yes. Golestaani [19] shows that if for each active
conversation (i,j) (i.e. one that is not silent) there are packets waiting
to enter the network so that as soon as a new ACK arrives at node i a

new packet enters the network, there is a unique correspondence between
the set of outstanding packets in the network and the set of input rates

of these conversations. The implication of this statement is the following.
Since the window strategy is a dynamic scheme, we can practise it as an
indirect enforcement of the flow control algorithm for those conversations
that meet the necessary conditions.

The motivations for practising the window strategy in a data net-
work carry over to the integrated network. However, the window strategy
cannot be applied to voice conversations. This is not only because we
set the voice packets to the desired lengths and strictly send them into
the network at a constant rate of 8 per second but also because the

assigned window size may be less than the number of voice packets generated

during a talkspurt. This would lead to loss of continuity in the conver -
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sation, an undesirable feature in any voice conversation.

In deriving the relationship between "m and v Golestaani [19]
defined a function tz(Fz)' which is the average delay per packet on
link & 1including processing and queueing delays at the input to link %.
He assumed that tz(Fz) is a convex increasing and differentiable function
of F,, the aggregate flow on link %. In our model the link delay of a
data packet is not only dependent on the aggregate link flow F2 but also
on what proportion of that link flow is voice traffic. For example,
consider a link flow of one unit. If the voice traffic is 0.3 units,
then the data packet delay would be smaller than the case where the voice
traffic is 0.7 units. In the latter case a data packet is likely to wait
a long time as newly arriving voice packets receive service before it.
Thus in our analysis of the window strategy for the integrated network
we define tl(Fl, F;) to be an increasing and differentiable function of
both F2 and FZ , the voice traffic on Tink 2. The effect of the presence
of voice packets on the data packet delay is to modulate the link delay
according to what proportion of the link traffic is voice traffic. The

complete relationship between 'n and W, can be obtained as follows. Let

m = the input rate of data conversation m

I' = the expected data packet length

W, = the window size of conversation m

an = the average delay of ACKs for conversation m. an is assumed

to be independent of the network conditions if the ACK

traffic has priority over other traffics.
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g the fraction of conversation m on link 2. For unifilar

flow, such as in virtual line-switched systems, g is

either 1 or 0, depending on whether ZeR: or not.

Then from Little's formula [24] the number of packets of conversation m

outstanding in the network at any time is given by

u=r_ma+2 t (F., F) (4.4)
m = T {%m dqmzzz'z y
2eR

d

* A
For those conversations with 'm < ' (4.4) offers a nice way to set the

window size. By setting wo to

%*
r
=_m v
Wm = T {am + Zd qml tQ(FR' Fz)} (4'5)
lsRm

we force conversation m to buffer the remaining data so that whenever
an ACK arrives there is a packet waiting to be sent into the network.

d

*
However, for those conversations with L > o * the allocated window size

W > Ups that is, the allocated widow size is greater than the number of
outstanding packets in the network at any time. For such conversations,
arriving packets would tend to enter the network earlier than those of the
previous category because there is a great likelihood that at any time
the number of packets outstanding is less than the window size.

To summarize, the window strategy enables us to partition the data
conversations into two groups: those with r; < r: and for whom Wy T U

d

*
and those with 'n> m and for whom Wn > U In the former group packets

m!

are likely to be buffered in wait for ACK arrival because the window is

1ikely to be closed (i.e. the number of outstanding packets equals the

Py
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window size) when they arrive. In the latter group packets are likely
to enter the network as they arrive because the window is Tikely to be

open when they arrive.

*
} If rm < r; for all m, we show below that when the window size is

*
set by (4.4) there is a unique correspondence between ™ and W [19].

First, we note that

Therefore t
D 2 22k
dqmﬁ, t * Z qsz =m

|

P

ar

“ Ty 0 2
\'n & me e sF, 0 R (4.6)
Qe:Rm

Let T be a diagonal matrix with elements Tmm given by

v
Tm = 2 Oy, Ty (Fgo Fy)
2.:-:R
Q = a matrix with elements Ane
R = a diagonal matrix with entries R =r "
mm m :
at 3
. . N . _ 2 ;
M = a diagonal matrix with entries Mu = 37 i
I
P = a matrix with entries Pmk =T 5;;

»
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Then (4.6) can be written as

P = T+RQMQ (4.7)

Post-multiplying by R we obtain

PR = TR + RQMQ'RT (since R' = R)

If we assume that }m > 0 for all m, then since T, R, and M are positive

diagonal matrices, PR is a positive definite matrix, and hence is invertible.

1

Since (PR)'] = R” P'], and since R™! exists, then p1 exists. This

means that incremental changes in window sizes lead to uniquely defined
changes in data input rates.

In the way window strategies are generally used in practice, the
window size of each conversation remains fixed throughout the duraton of
the conversation. However, the unique correspondence between ' and W

suggests that w_ could be adjusted in response to the network conditions.

m
* 3

Specifically, when g%r- > 0 we need to decrease W and when %%—-< 0 we
m m

need to increase W [13]. One problem is how to effect this window size
adjustment. A possible method is to change W by an amount corresponding

to the desired change in T [14]; namely

- m v
AWy = T % + Z Qe tR. (Fz: Fl) (4.8)
2eR8

m
.1.
The problem with this approach can be seen in the following example.

Consider a simple network consisting of one link and two nodes ny and n,.

T This example is due to Professor Gallager
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Two sources transmit at rates " and ro from node n] as shown in

Figure 4.3.

To first order

Aw]

AWy
Assume that "
so that Aw]
Aw1

sz

If we assume that Vo= 0, then

"
= t(rl + rz)

(1)
r
- 2
= : tlry * ro)
r‘1 + rz

ny —— -{:::)

Figure 4.3

1

ATy rit .

— t+ lary + ar,] (i)

Ary rzt'

—£ t+ [Ar1 + Arz] (i14)

2 29"
. 3 = = -

0, Y‘2 > 0, and ar] - '] » arz 2
%—sz. Then from (ii) and (iii) we have that
Ar1t .
- | (iv)
ATZ r,t

bry (v)

' 2
T et

o g T
- i L e

g = SN N

i,
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) I‘Aw] I‘sz
From (iv) ary = T = o5t
since Aw] = %-sz . Therefore, from (v) we ohtain
t
' 2t(t + rzt )
Or i
2t(t + rot )

sz = Ar2

—_—
r(a2t - rpt )

[} t
If we assume rzt >> t, then r2t > 2t and

Aw, = -k tAr when k>0

2 2’
That is, as we increase the window size we decrease the rate. Thus this
method is good for adjusting the window size of jnactive conversations
but not so for active conversations, when it is applied simultaneously to
the two groups. Increase in the window size of the former is accompanied
by an increase in the input rate; but in the latter it is accompanied by

a decrease in the rate.

Consider the following approach. Let

3J*

Awm = -ﬂrmg—r;‘- (49)

where n is some positive scale factor. As pointed out in [13], this
method of window size adjustment has some nice properties. When the

*
window size changes by AW then to first order the change inJ s

PN
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* 3J
Ad %: = Awm

from (4.9)

]
]
3
)
e
z[e
-3
=
rv
-3 |
-

* * W
. _nz 3 . ¥ m
m ow

m M me Brm

* T * T
-2 (9, + ) [TR+RQMQR] (7, * J)

(v, « 3" PR (7, + 3T (4.10)

'
|13

LJ

where Vw . J* is the gradient of J* with respect to w. Since PR is
positive definite, AaJ < 0 if J° # 0. Thus this method leads to a
descent algorithm.

Note, however, that this method cannot work for inactive conversations
(whose m = 0). And since the condition for PR to be positive definite is

*
that all conversations have w_ = Ugs or equivalently rm < rd, this

m m
*

> rd. We can

method is also not applicable to conversations with r_ m

then make window size adjustments in the following manner: For inactive
conversations which may demand a larger window size when they become active,
Ar
m v
= — +
AWy, T }%m Zd U & (Fpe Fy)
lsRm

where Ay is their desired change in rate. And for active sources whose

* d
allocated rates r_<r

m m,use
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Generally the window size obtained from (4.5) is not an integer. '

In practice, however, fractional window sizes cannot be easily implemented.
One task then is to construct integer window sizes Qm given raw values
W It has been suggested [19] that the parameter o be adjusted in
order that the value of Wi in (4.5) is an integer. Thus if an ACK
encounters a delay o it is further delayed by an amount a; o
where a; is the value of & that makes (4.5) an integer. The manipulations
of the ACK delay in the manner we have described above to achieve integer
window sizes means rounding wo off to the next higher integer. This in

turn means permitting more traffic into the network. This is thus likely to
upset  the convergence of our flow control algorithm. To avert this
potential pbohlem we make the following proposal. For each source-desti-
nation pair (i,j), node i will partition the data conversations into

two groups, A and B. Members of group A will be the most important data
conversations while members of group B will be the less important
conversations. Members of group A will get the window size allocation

~

W = fwm1, and members of group B will get the window size Qm = meJ;

where the partition is performed in such a way that

M5 Wn = |A} Tw. 1 + [B] Lw,J

where [x] = the smallest integer greater than or equal to x;

Ix] = the largest integer less than or equal to x.

The exact demarcation line for group membership would depend on where the

above approximate equality is best achieved.
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4.8 Cut-Through Routing of Voice Conversations

We have emphasized the need to route the voice conversations fast

enough for them to be available at the destination node when they are

ROV SIS

required for delivery to the sinks. We have also noted that voice
conversations are not particularly sensitive to errors, These two !f
factors combine to make the cut through routing [20] a good strategy for
the voice conversations. The cut-through routing protocol was originally

defined for data networks and works as follows. When a packet arrives

at node i and an output link (i,k) is selected for it, then after

receiving the packet header the packet transmission starts immediately

without link (i,k) waiting to receive the entire packet and, therefore,
without checking for errors, if link (i,k) is free. Only if link (i,k) H4
is busy would it be necessary to buffer an arriving packet, as in normal

packet switching operation. In this way the delay associated with buffering

I

to receive the entire packet and check for errors in front of an idle link

is eliminated. A cut is said to have been made if the packet successfully

goes through the link without waiting to receive the packet before trans-

L

mission starts.

The aim of this section is to point out the possible gains that
could be obtained from applying the cut-through routing protocol to voice
conversations in the integrated network. We will not go into detailed
analysis of the scheme; the interested reader is referred to [20]. We
will merely make a somewhat qualitative comparison between the cut-through

routing and the normal packet-switched operation. We distinguish between

two types of cuts: a perfect cut and a partial cut. A perfect cut is the

type we described above; where a packet arrives at a link which is idle and
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"cuts through" without having to wait. When a packet arriyes at an output
link that is busy, it waits until current service is completed whence it
receives service if there is no other packet in queue, If the remaining
time to completion of the service of the current packet is less than the
time to receive the entire packet and there is no other packet in queue,
then the transmission of the packet can start while part of the packet
is still being received. This type of cut-through is called a partial
cut since some waiting is involved, but the waiting time is less than the
time to receive the entire packet. This virtual waiting time may also be
equal to the time to receive the entire packet ifthe current service
ends just as the last bit of the packet is received, In [20] only perfect
cut-through routing is considered.

We present an approximate analysis of the cut-through routing to
show the type of saving in packet delay that can be derived from practising
the routing strategy. Assume there is negligible propagation delay on

each link and let

Sik = the total service time of a tagged packet on link (1i,k)

Then Sik is made up of two parts:

Sik T Wik * Tik

where Wop = the waiting time of the packet on 1ink (i,k)

the transmission time of the packet on link (i,k)

Tik
Without cut-through routing, each packet encounters both a waiting time
and a transmission time on each link: Even when no other packet is in

service, the tagged packet must be completely received before transmission

i
1
\

B FCrI

B
"
]
4

iI
:
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can start. Thus the total system time of the tagged packet when cut-

through routing is not practised is

where p s the path of the tagged packet. With cut~through routing, ]
for links (i,k), (k,%)ep, the waiting time at 1ink (k,2) starts when |

transmission starts at link (i,k). Thus except at the output link of the 1

destination node where the entire packet may possibly be completely received

before being delivered to the sink, the transmission time at any inter-
mediate link is absorbed by the waiting time at the successor link on

the path. Therefore, the system time of the tagged packet is

sp = :E: Wik + Te (4.12)
(i,k)ep
where Te T the transmission time at the final 1link. From {4.11) and

(4.12) we see that the system time is reduced by the transmission times

on all but the final output 1link. Note that in practice the values of
the Wik used in (4.11) may not be equal to those used in (4.12) because

of the fact that perfect cuts might be made in some links. Under such

conditions the reduction in delay would be greater than we stated above.
The tradeoff in the cut-through routing strategy is between delay
and errors. A packet that makes a cut at each link could arrive at the

destination with such a serious error that would necessitate its being

discarded. In this situation, we would have wasted the network resources

in transmitting that packet. Without cut-through routing, such a packet
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would haye been discarded earlier, if the error proved to be uncorrect-
able, without the network resources being wasted on the packet. However,
there are certain errors that are tolerable in voice communication. This
means that we can practice cut-through routing of voice traffic in the
integrated network. We hope that most of the errors we would encounter
in the network would be the tolerable type. Under this condition then
the cut-through routing scheme would provide some assistance in making

the voice packets meet the stringent delay requirements of the integrated

network.

y

4
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CHAPTER V

A CLASS OF INTEGRATED NETWORK MODELS

Our network model belongs to a broader class of models for integrating

n different types of traffics that have different degrees of delay ]

sensitivity onto one network. In this type of network problem it is very

R e 9

necessary to ensure that the network is not heavily loaded with traffic

from the very delay-sensitive traffic type. Assume we index the traffic types
in a decreasing order of delay sensitivity. That is, traffic type 1

is the most delay-sensitive, followed by traffi; type 2, and so on with
traffic type n the least delay-sensitive. Then we assign the highest
(non-preemptive) priority to traffic type 1, followed by traffic type 2,

etc. The reasons for practising non-preemptive priority are the same as

those advanced in chapter I; namely, to avoid the confusion that could

arise if the part of an item that had been serviced before a preemption

occurs is interpreted as network errors, and to avoid using the network

resources to transmit something that would later be discarded. Let
ng = the expected total traffic on link(i,k) of traffic
type §j, j =1,...,n.
Fie = Fik ﬁ
Fie = Fle* Pk :
Fie = Fik* P * Fik
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Fik = P * e ¥ Pt Fig
: -1,
n-1_ & Jj
Fie = 3 Fik
j=1
n
\\\\\\ F1k = :E: F%k = the aggregate traffic on link (i,k)
~. J-=]

: : J J .
We define the cost functions Bik (Fik) and Gik (Fik) as follows:

ng (ng) = the congestion cost to Tink (i,k) of limiting
the traffic from traffic types 1 through j to
J T
Fik » J=1,2, ....n-1,

Gik (Fik) = the congestion cost to link (i,k) of limiting

the aggregate traffic to Fik‘

For ease of analysis we assume that these cost functions are convex
increasing and twice differentiable functions of their respective arguments.
For the purpose of ensuring that the network is not heavily loaded with

the very delay-sensitive traffics, we require that B}k cuts off earlier
than B?k’ which in turn cuts off earlier than B?k’ and so on with Gik
cutting off the last but before the link capacity Cik‘ By defining
appropriate rate limitation functions as we did in Chapter II, we ensure
that no traffic type is completely excluded fram using the network.

For the purpose of illustrating how the congestion cost functions cut off,
we present typical plots of these functions on the same set of axes in

Figure 5.1. 1In the plot, traffic types 1 and 2 are the very delay-

sensitive types, while types 3 through n are less delay-sensitive.

s, 15 % dadeik o .
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Figure 5.1 Congestion Costs of Link Traffics

; A more general communication network application of this genera-

lized model than the type we consider in this thesis is the following.

e L

We can partition all communication network traffic into three different

classes [9]:

Class I : characterized by long messages that require continuous

real-time delivery; e.g. voice facsimile, video.

Class II: characterized by short discrete messages that require

near real-time delivery; e.g. interactive data.

Class III: characterized by Tong messages that require neither

=

continuity nor immediate delivery; e.g. bulk data.

To integrate these three traffic types onto one network, we have
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to recognize the need for classes I and II traffics to suffer less
delay than class III traffic. This necessitates assigning the highest
(non-preemptive) priority to class I traffic, followed by class II traffic,

and class III traffic is the low priority traffic. Let

1

Fik = Fik = the expected total class I traffic on link (i,k)
£2

ik = the expected total class II traffic on link (i,k)

F?k = the expected total class III traffic on link (i,k)

2 _ ] 2

Fik = Fik * Fik

- gl 2 3

Fik = Fik * Fae * Pl

Then applying our argument on the nature of the congestion cost functions

: i 2 . .
we define Bik (Flk), B?k(Fik) and Gik (Fik) as shown in Figure 5.2.

sk
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Figure 5.2 Congestion Cost of Link Traffic For A 3-Commodity Network
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APPENDIX A

In this appendix we give the proof of theorem 3.1 which deals with
tne necessary and sufficient conditions for optimality of the solution o
(2.13) subject to (2.14) through (2.16). We prove the sufficiency part
of the theorem here; the proof of the necessity part of the theorem is

given in Appendix B.

. . * vk d* ;. * * ..
Lemma A.1 For any feasible point P = {fik (i}, fik(J), zij, rij} which

satisfies the conditions of theorem 3.1, and any other feasible point

P = {f¥k(j), f?k(j), zij, rij} the following inequalities hold:

. 'oevE ' * Vo ’ 2. A
(i) 2 [B’lk(F'lk) + G'ik (F‘ik)] fik(‘]) 2 %B Ynij ij i
1,3,k ’

.. ! * d ,.
(i1) ZGik (Fi) fi@ 2 27 Mi3 i3 Hij
'i,j,k 1"]
. *
with equality if P = P

Proof From (3.1) we have that

ik
if f1:(3) > 0. Multiply both sides of (*) by f},(J) and sum over i,j,k:

' v* ' * eV s v Voo
2008 (FR) * G (FRodfFf () + 20 ag iy )2 2 ny fld)
1,3,k 1,3,k 1,3,k

B (F:: ) + G;k (F?k) T VI T W, (*) with equality

ki — ij

PRI K"i" ;
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with equality if ) (3) = I} (§). Thus

[} * 1 *
20 D8y (FY) + 65 (FRaT el ()2 20 A, #0) - 22 & £ ()
ik ik ik ik ik ik gk W ik iy3.k kj ik

- ?:J;Aij ;f}'k(j) -2 » ; fox (3)

K,J

- g M3 [ka,Yk<j) - 2y ]

= :E: Ais Byn.. 2.
i T ij "4

where the last equality follows from (2.14). Similarly, from (3.2) we can

show that inequality (ii) holds, thus completing the proof of the lemma.

Now let there be Ajj and s satisfying (3.1) through (3.4) at
. . * vV o, da* . * * .
a feasible point P = {fik(J), f 1.k(,J), zij, rij} . For any other point
P = {FY (d), (3, Li50 Tig)  and o, where 0 < o < 1, define

fri (3 = (0 -0) f:: (i) +a f:k(j)
@ = - 5 () +a )
Q?j = (1 -a) l:J takys
r?j = (1 - a) r:j + arij

Then J(a) = ]2:,( [Bik(F}'ﬁ) + Gik(F‘j-‘k)] + ;j: [ynij Vi (z?i’j) *my £, (r$)]

J 11

S e




is a convex function of a . Therefore,

d
2(1) - 3(0) > el

- a =0

Z [B1k (F1k) ¥ G1k (ka ] |:f1k(‘] B f1k(~]):I

N\ ’J’

- 25

by Vigliy) Dy - o

' ; 6 (F) IR0 - 755 (9)]

+-Zm 5 (Fg) Ty - vy
.4 iy E 1

v

¥ * J
. calfos = Lo + Y. p..(2; cio= L.
?’:3- Mg Bmigleyy - 245 ;B ig Pigltig) Dhyg - 245

+ 2 ”ijmij[""' ]+ Z M U(r )[r‘ -r..]

1,J "
Z ;
= By n‘IJ ) - )\.ij] [Q«ij - 2'.“-]
* *
+ § mij[qij(rij) - uij] [riJ' - rij]

where the second inequality follows from lemma A.1.
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Thus
* * '
J(1) - J(0) »> Z By msolPss(fes) = Ased [Res = 2:4] :
i’ji ig-righrid ij- =1 ij ;i
. 0<2,1.j<aij ??
* * ‘
+ iZ*_ Byngs [pys(ays) - ag50 [ag5 - 2441 ‘
sJ-l"o 4

J

+ Z* r * * t
i’j:zijzaijBY n.u LP,-J-(Z,-J-) - )\YJ] [!’TJ - 2ij]

* *
+ o [gss (res) - mss .- P,
iZ’J,‘,: myg [agy (rhy) - mgyd Oy = 1yl
0<ry <rd {
ij i 4
f .
2 |
* *
+ « mee [Qes (res) = mee) Dreee - rel] i
firgy=0 W L

* *
+ z: * 4 m‘ij [qij (r‘ij) = u,-j] [rij - ]
1,J.r1-j -Y‘ij

J

Now from (3.1) and (3.2) the first and fourth terms are zero. All other

terms are greater than or equal to zero. Hence

J(1) - J(0) = J9_ -1 0

p-pr

That is, J at any feasible point P 1is greater than or equal to J at p*. E

This completes the proof of sufficiency of (3.1) through (3.4).
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APPENDIX B

In this appendix we give the proof of theorem 3.2, which deals with

the convergence properties of the joint flow control and routing

algorithm H. Recall that the objective function J is given by
- v
J = Z Bik (Fik) * 2 Gik (Fik) * ZYna va (g‘a) * E"a Ea(r‘a)
ik ik a a

v d)

Define the vector u by the tuple u= (2, r, F, F), where 2 is

the vector of voice packet lengths, r is the vector of data input rates,

d

VY ois the vector of link voice traffics, and F- is the vector of link

data traffics. Let un denote the vector u at iteration n. Assume
the algorithm is started with a feasible u® such that J(u°) <dg s

for some positive Jo. Let the set U0 be defined as follows:

U0 = {u}J(u) < Jo} (B.1)

Then u°g;Uo . Define A(g) as follows:
ale) = 3(®) - a(u") (.2)
where W& = eun+] + (1 -e)un R 0 <8< 1. Then for all

W® e U,» ale) is continuous in e, and

PR IR o7 34 AN ANy 0Dt e L ee

al0) = 0 (B.3)
A1) = @™y - g™ (8.4)

E
¥
¥

- e
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The Taylor expansion of A(6) about zero is

n
OO el CHENE
i 1

v+ g o ZZE‘J‘(EL TS U

Thus

da(e) Z aagunz [un+1 a7 ]
. . du, i i
i i

_Z [B';k (F;'llr(‘) 1k (F'lk)] [FV(M]) ;”l: ]

v ey (FR) [F™ - AR )
i,k

¢ 25 v (el M- e
a

+

! n n+} n
za:ma Ea (ra) (ra *Ta ]

< 0.
8=0

Lemma B.1 Assume that un er. Then %ﬂ

Proof From (3.25) and (3.26)

vn vn _ Z vn _vn v ov(n+l)
Z e, 4p . [dp d " (a)] [Sp Sp ]
peP, p#P,

(since el 0)

Py
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That 1is,

1]
-

vn Z dvn vn - s;(‘nﬂ)] - d""(a) Z [s;n_ S;(n«ﬂ)J

reP, p#p,, P#P,
- Zdvn [Svn ) v(n+'l)] s - sv{ml)y
Py Py Py
- dMa) 2 [svn - p n+1)]
pfp
Now d'7 = d'"(a), and s‘;L‘ = §$'Ma) - Z Sp
*
v v P7P,
]
3
vaova _ vn rv(ntl) _ cvn
| Thus Z ep Ap E:dp [Sp Sp ]
| PeP, | p
| +d™a) s (a) - s"a)]
v _ s ! v ! n
‘ But dp = ;sp(uk) [Bik (Fik) * Gy (Fik)]
Therefore,
D20 A e LD s (B 6 (RIS X s (it (Do)
p p ik v ik ikt ik pt’ P p
a pcPa i,k a pePa

+Z d"(a) {5 N(a) - $(a) ]
a
3 I B 6 01 T - R

+ BY Z“a d""(a) [zgﬂ - 14]
a




!
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where the last equality follows from (3.15) and the definition of sV"(a). ;

From (3.21)

an

vn = 9N n y
d(a) =z, +p,l2y) '

vn vn _  _ ' vn ' n v(ﬁ+1)_ vn
Thus) D) eg" &) Zlg (8 5 (Fiid * Gy (Fd T DRy - Fid |
a peP 1 ‘
2
n n+1 n ;
* oy 2, by (1) (5" - 2] :
nr,n n+l
- BY Zana Z, [ﬂ.a-za ]
- ' evn ' n v(ntl) _ cvn
- E (B;k (Fi) * Gy (Fydd [Fgy Fikl |
- Y oony ron+l o \
§Y n, Yy (za) [za - 2a]
. nr,N n+1
-8 Y}:a: n, 20 [20 - 2™ ] (8.5)
where the last equality follows from the definition of pa(zg); see (3.9).
n n+1 n n
Now from (3.22), lza - 2, | < "zlzal‘ Moreover, when Z, > 0,

n n+1 ] n n n+1
2y - % >0; andwhen Z <0, & -2, <0. Thus

n,,n .n+ly _ Ny N n+l -1 .0 ,n+1q2 1
Za(ta = 8 ) =Tl 18y - 2y 1 2ny [25 - 23] .

N _
Therefore, 8Y) n, 23 [g, - 2:+1] > BY ”21 jz:na[zg -£:+]]2 |
g 3

and - BYlg:na 22 [z: - 2:] < - BY n;] :;: [22 - £:+]]2 Ny




i
£
y

-88-

Thus from (B.5)

S X e - Do o o 00
1,

a p'ePa
! n n+1 n
ZY"ava (g‘a)[a 'Q’a:l
a
-1 Z n+1 N2
Y n n, [za - 1a]
a
vn vn vn _vn -1 vn-2
Also from (3.26) Ap <ny e, - Thus Ap e, 21, [Ap ]

Therefore, from (B.6) we have that

AT T s X o ol s chn o
a psPa

_ZYn v, (eh) L™ - el
a

D DR T
a

gvn
1’kJ

(B.6)

(B.6a)

vn
Fikd

.
.

-—a .
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' vn ' n v{n+1) vn t N n+l .n
Or IZ‘; [Biy (Fy) * Gy (FydT DR 7 = Fyyd *za:‘”‘a Vo (23) [ '-2,]

2 a
similarly, it can be shown that

SRR RLED DT L1, ) DI DR FYLIL:
= alta a VS oRe
a

' n d(n+1) dn "o n+l _ n
g Gi (Fd DR 7 = Fid + za: my Ealry) Irg " -1y ]

c-np T 07 Xy
a

Therefore, QQLQL <

-1 n+1 n,y 2
” N 3Y§ Ny [za zaJ

D MDD ING RIEMD DD DR it

P
a pePa a pePa

e ]
“
o

-1 n+1 ny 2
- . Ema [ra - ra] (8.7)
a
<0
This completes the proof of lemma B.1.

Lemma B.2. Assume u" eU_. Then %(91 < 0
8=0

if u" is not an optimal point.

< 0. To

8=0

Proof From the result of Temma B.1 we have that 9%59)-

show that the inequality is strict it suffices to show that if u" is not
an optimal point then at least one of the sums in (B.7) is strictly

positive. Assume that none of the four sums in (B.7) is strictly positive.

4

D it D o
SR | e N Y UL A Sy

Y.

- +-—
e et
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Then for voice we have the following situation:

(1) 22+] - 12 . If0< 22< a5 » then this situation implies that

22 = d""(a) - pa(zg) = 0, and the marginal gain in voice quality

is equal to the marginal voice cost of congestion. If 22 =0,

then Z: >0 and d""(a)2 pa(z"). And if 2.2 2555 then 2250

J
vn n
and da < pa(ﬂ.a).

(ii) A;" = 0, which means that e;n = 0 since by assumption 5;n>’°-

That is, e;n = d;" - dV"\a)= 0, and all voice traffic flows on

shortest paths.

By a similar argument for data we have that

_ 4dn . n d

=d (a) if 0«< ra <'s
‘s n dn e .n_  d
(ii1) qa(ra) : > d (a) if ra = Ta
< di"(a) if rl =0

(iv) A1l data traffic flows on shortest paths.

But results (i) through (iv) are precisely the Kuhn-Tucker conditions
for optimality given in (3.1) through (3.4). Thus by the sufficiency
part of theorem 3.1, proved in Appendix A, u"  is an optimal point.
Therefore, if u" is not an optimal point at least one sum in (B.7) must

be strictly positive, thus proving the lemma.

The implication of lemma B.2 is that for small enough 8, A(8)< 0.

Since A(e) is continuous in 8 for W8 er, either A(8) < 0 for all

Aa

- Y .

'

"

G d ¢ mmii
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8 < 1 or there exists a 8y < 1 such that af(g) < 0 for g < 8, and
A(e]) = 0. That is, the plot of A(g) takes the form of either curve (i)
or curve (ii) of Fig. B.1. Let 8 be the smallest 9, 0 <3 <l, for

which a(s) = 0. If no such g exists, then let A(e]) = a(1).

Hlo) 4

T’e

Figure B.1 Possible Forms of A(8)

Assume that there exists e <1, such thatA(e]) = 0. The Taylor

expansion of A(e1) (about zero) is

Ca I Yy

AA..A...._
et e
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n
Ale: ) = aJd(u 1l _ n
(e]) 8 §1' : i Lu; uy]

ZZ—J(EL [u;‘” - u] [u?” - ug]

3u; 3u '
u=u® : ¢ < 81
o
From lemma B.1 E 9%1(‘.“_1. [u?ﬂ - u'i‘] = dgegel
i i 6 =0
< - n;] 8 YZ n, u;ﬂ ) 22]2
a
-1 -
B DD T I SR
a peP a
a
-1
- ng 22, (85"
a peP

One of the terms in the sum Z Z BTJ%%——[ ?H - u?] [ug'H -]

J

is Z 2 : ___‘J.gi‘l_ [g'n"'] - 2:] [F}/énﬂ) - FXEJ‘ Now
a

: v
ik 32 3F1k

_QZ_JEL_ = L [ quz ]

L v
-} 2 3F1k a F sy

[e ¥4

= 3 ' v '
= oarg DBy (Fiid + Gy (Fyd)

o
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The last equality follows from the fact that we are taking partial and f
not total derivatives. By the same argument we have that all terms Q
2 2 ¥

J{u . ; J(u |
%ﬁf‘ﬁ%f—" in which Uy # uj, are zero except that JiV—L—la # 0. Thus .

i 3F1k aFik

¥
2

Z 3 J(u) ntl _ n n+l n

- I RETP [ui ui] [uj B uj]

1 J 1 J 5'

Uu=u

i} e‘ 1] '
Z[Bik (FY) + Ggy (Fy )1 TRYE™Y) - FYRg?
X

+

" 8' d(n+1) dn42
1.2; Sik (Fyd [Fae 7 - Fyd

+

i
" o8 " d(n+1)  od
: 12; 6y (FO) LRI - piny dn*D) Fid

+

" e’ n+} n42
za: YV, (za) [g,a - za]

+

Z my E; (r'g') [r:” - rg]z (B.8)

a

Sincea (8) is continuous in 6 for ueeuo, the second derivatives exist

over the compact region 0 < © < ;.

Lemma B.3 LetM = max max Va(g,a)
% a u:d(u)<d,

for some positive Jo. Then

n g n+l  ,n42 Z n+l na2
Zna v, (2,) [la - 2,15 < M, . ny (2, - 2]

a
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Proof Recall that U, = {u]d(u) g_Jo} for some positive J . Since
we assume uee:Uo for 6e[0,1], then v;(zi ) S.Mg' The proof of the

Temma follows then from the assumption of the lemma.

Lemma B.4. Let Mr = max max E; (ra) for some positive J_.
2 usd(u)d °
Then

w 8 n+1 n+2 1 na2
:g:ma By (rg ) Iy " - rgdm 2 M, :;3 my [rg - gl
Proof Similar to the proof of lemma B.3.

Lemma B.5 LetM = max max (8:, (FY.) + 6% (F..)]
—_— =Y ik U:Jﬁﬂfﬂo ik Vik ik M ik

for some Jo. Furthermore, let the cardinalities of the sets Av and Pa

be IAVI and lPal , respectively. Then
o _ve' w9 v(n#l)  -vnq2
g By (Fyp )+ 65 (PRI (R 7 = Fiyd
<t WEa 20,13 20 2 iy
a pePa

Proof For the same reason given in the proof of lemma B.3, we have

that B FV9)+G (F Q) <M. Thus
ik -y

1k(
Z (8, (Fip ) Gik(Flk)] [F"("”) FIe < M, 2 rry{mT)

From (3. 15) we have that

2
[rY{M1) L pYngZ . [; g 8, (1,4 (™) 5o

2
< TAL IR 2; 5 8, (1:K) isyt™Y - 53"
a

Fvn 2
Fikd

A g L 4 e I, - DI
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where the inequality is the Cauchy-Schwarz inequality. Since we make

incremental changes at each iteration, the largest change in any path

flow cannot exceed the sum of all changes in path flows for the same

source - destination pair. Therefore,

lsv(n+1) . Sv"[ < ZAvn

p p % ’ PePy
Thus
v(n+1) vn42 vn42
[s, -1 <[] 8]
pePa
<l 25 (o'
pePa

where the last inequality is the Cauchy-Schwarz inequality. Therefore,

A 1p L 22 2o sy(d,k0 [sh(™T) - i

a paPa

< IEIR R 3T DT stiik 17

a pePa

. v(n+1) vn2 2 3 . vn42
That is, [Fip - PO A LS TP, ; pfs_; 8, (1.k) [a77]

And :E: [Fv(n+1) - FYnJZ < N2 |A 12 |p l3 :E: }E: [Avn]2
4 ik ik? -~ \ a p
i,k a pePa

Multiplying both sides by My completes the proof of the lemma.

Lemma B.6 Let M, = max max G" (F,.)
d ik u:J(u)_<__Jo tk ik

pEgE Sy~
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for some Jo. Furthermore let lPa | be as defined in lemma B.5, and let

lAdl be the cardinality of the set Aj. Then

T G () T - g a0 Y
i,k

a pePa

TS S

Proof The proof is similar to the proof of lemma B.5.

Lemma B.7 Let M, and lAdl be as defined in lemma B.6, and let

[Avlanleal be as defined in lemma B.S5.

Then
%o S O - e -

!

LT SISLIAED D IR ]
a pePa

. ] 20, 1210 13 (ndnp2

fMdNiAdllPIZZ a5

a peP

Proof We know that Z (xi - y.i)2 = Z(xi.a + y? - 2x1. yi) >0
i

i

] 2,152
This D % ¥y <3 DX + 3D N, (8.9)
1 j

i

Now from the assumptions of the lemma,

Z Sk (F‘ik) U O] G
Z G N N G
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= pv(ntl) vn

- pd(n+1) dn
i = Fik - Fik

then from (B.9) we obtain

2o Sh (30 1AM - Ay ) - e

1,

1 +] vn,2
sz M 1zk: PR - R
Zth‘“*” Fin?
S LLAISINLDD Z A2

lAdl 3 Z Z [Adn]Z

where the last inequality follows from lemmas B.5 and B.6.

hﬂ—‘

Nl—‘

From the results of lemma B.1, and lemmas B.3 through B.7 we

obtain

aleq) <_e1[;—e](Mv + My) N ll"\,,l2 lPaI3 - n;ll Z pezp
a
+ 0][31 Md IAdI = nd]z Z [Adn]
+ e][]g o M, - nfs Y] Z N, [kgﬂ - zg]z
a

+ CR! [‘]2' 81 Mr - n;.1] ;ma [7'2‘” + "‘2]2 (B.10)
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Lemma B.8 Let the scale factors be chosen as follows:

[y (4, + m) N2 1a 12 (e, 3T

3
1]

ng = (Mg N [agl2 1P, 130

g Y[%- M2]‘1

1 -1
[7 Mr‘]

3
[}

Then if u" is not an optimal point, A(e]) < 0.

Proof Substituting the n's, as defined in the lemma, in (B.10) we

obtain

a(8q) i;-el(mv + M) N A2 [P 1P ey - 1] Z z [A;“]2

a pePa

+ 07 My N2 lAdl2 lPa]3 [e, - 1]2 2 [Ag"]2

a pePa
] n+1 n.2
+ 5 8 ”g,f51"]E"a () - 1

a
1 . n+1 n{2
7 M [el '”Zma [ra 'ra]

Since we assume 6, < 1, we have that 4(8,) < 0.To show that a(eq) < 0

1

)
if the n s are selected as stated in the lemma, it suffices to show

that at least one of the sums above is strictly nonzero if u" is not

an optimal point. But this is what we proved in lemma B.1.

proof of the lemma is completed.

Thus the

.

M
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The result of this lemma shows that there exists a choice of
scale factors such that A(e])< 0. Therefore, with the scale factors
chosen as in lemma B.8, the assumption that 4(8,) = 0 for 8y <1
is contradicted. Thus if u" s not an optimal point and the scale
factors are chosen as in lemma B.8, A(e]) <0 for 0< 8y < 1.

And in particular, A(1) < 0. That is, J(n™") - J(u") < 0. By

induction, J(u™) < J(nn']) <. . .<JW%. But we started with a
feasible u such that J(u°) < J_. Therefore J(u") < J,- Thus the
algorithm is a descent algorithm; and if u® er, the u" on for

all n> 1.
Lemma B.9 The mapping H 1is closed.

Proof We define closedness of a point-to-set mapping in the same

way it is defined by Luenberger [25]. That is, let H be a point-to-
set mapping which maps points in a space X into subsets of another

space Y. Then H 1is said to be closed at x €X if the assumptions that

(1) {Xn} -b;( ’ for Xng X

(i) M.y . for y" ¢ H(x")
imply that 9 gH(§).

vn dn
p °’ Sp

which converges to w = (S;, S

Let {w"} = (S s 12 s r:} be a sequence

d
p

s¥(a) = Z s";" + sV(a)
peP,,

N ra). Then

Y
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vn  _ . vn
Since Fik = E E Gp(1,k) Sp R
%A, pePy
and since S;" +> S; , the link flows F¥2 -+ F¥k if we started with

u er (since by the previous result all subsequent u" are also

elements of Uo)’
vn E ' vn ' n v ;
Thus dp [Bik (Fik) + Gy (Fik)] - dp since
('i Qk)EP

. . ~Vn
Bik and Gik are continuous in Fik' And

d™a) = Min d"" +d%a)
pep, P
vn _.vn vn > 2V
ep dp d" (a) e -
vn _ vn vn v
Therefore, min [Sp » T 8 1- by
A - vn  dn n .n
Let the sequence { wn} { Sp, sp % s ra} be another
sequence that converges to w = (S;, Sg, La’ ra). Furthermore, let

the sequences {w"} and {w"} be related as follows:

vn vn s *n
Sp Ap if p#op,

sVﬂ =

vn vn *n
- f =
(S Ap ) if p pv

P A

PP,

where p:" is an optimal voice path at iteration n.

sdn - Adn

i *n
P p ifp# Pq

A *
39N (a) - Z *n(Sg" - Ag") ifp=py

p# Py

i . .

i e UGN S
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*
where pd" is an optimal data path at iteration n.

R A A
ARG if 2y - n, 27> a4
0 if 20 - ny 23<0

r!-n X if0<rlon xM<rd

a r-a a r-a a
PR
0 if rg -0, X:.i 0

where 22 and xg are as previously defined. Note that Z: and x: converge

to Za and Xy respectively, since these terms (i.e. Zg and x:) are

continuous in wh.

Now we have that S;" - A;" converges to S; - A; for all p and,
by assumption, §;" converges to §; for all p. Suppose §; # S; - A;

for some p. Then there exists some € > O such that |§; - (S; - A;)|= €.

*
Also there exists some n such that for n > n  and p # Py

0
|§;"- (s";“ - A;")[ < €/2. Thus forn>n,, Pp= p:" . That is,
v v *
) ) Sp 8y ifptop,
Svn* SV =
PP

av v v - *
s'(a) p;p* (Sp - ap) if p=p,
v
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where p; is some 1imiting optimal path. By the definition of closed-

ness [25], we conclude that H is closed at SY since §; eH(S;).

P |
By a similar argument we also conclude that H 1is closed at Sg, since ;
od d n n !
Sp eH(Sp). Since &, -n, Z converges to 2, -n, Z for all a, and

since by assumption 2: converges to la’ we can apply the above

argument to conclude that

2a - Ny Za if 0« 2a - n Za < aij
“n ~ .
2a Ty T Q0 3y 12, - ngly 2 3y
. I
0 if 4, - nZ <0

Thus H 1is closed at 2a since za eH(la). And by a similar argument

we conclude that H is also closed at L since ry eH(ra). Thus
H s closed at w since Q eH(w), and this completes the proof of

the 1emma.

Proof of Theorem 3.2 Let U be the following compact set:

U= {uld(u) < J,0 U is a feasible point.-of (2.14) througn (2.16)}

Then H 1is a closed point-to-set mapping of points in U into sets of
points in U. Also by lemma B.8, the sequence {J(u")} is a strictly
decreasing sequence. Thiat is, if u is not an optimal point then

J(nn+1) < J(u™), where Mot cH(u"). Therefore, by the global convergence
theorem (25, p. 125], the 1imit of any convergent subsequence of the
sequence WM generated by H 1is a solution to (2.13). This completes

the proof of theorem 3.2.
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Proof of Necessity of Theorem 3.1

From lemma B.8, we observe that J strictly decreases if
equations (3.1) through (3.4) are not satisfied. Thus at any point u
that these equations are not satisfied the algorithm produces a better

point, which means that u cannot be an optimal point. This then

proves the necessity part of theorem 3.1.

.

T — - -
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